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Chapter 1 


How the stereo FM 
Signal is produced 


A block diagram of an FM stereo 
multiplex receiving system is shown 
in Fig. 1. 

Basically, an FM-stereo signal 
consists of two different audio-fre- 
quency signals that occupy the same 
FM channel. These separate audio 
signals provide stereophonic sound 
reproduction. The individual audio 
signals are identified as “left” (L) 
and “right” (R). In conventional 
programming, this pair of audio sig- 
nals originates from a pair of micro- 
phones at a sound studio, as de- 
picted in Fig. 2A. The audio signal 
from the L microphone differs from 
that of the R microphone. There- 
fore, the stereo signal consists of 
two audio waveforms that vary in- 
dependently in frequency and ampli- 
tude. At the receiver, the L and R 
signals are fed to separate speakers. 
These speakers are separated to sim- 
ulate the placement of the transmit- 
ting microphones. 

Fig. 2B shows the FM channel 
allocations. In monophonic trans- 
mission, the carrier (center fre- 
quency of a channel) is frequency- 
modulated as depicted in Fig. 2C. 
A swing of +75 KHz represents 
FM sidebands that occupy the en- 
tire channel. In turn, the question 
arises concerning how one channel 
can be used to transmit two signals 
without mutual interference. If high 
fidelity were not required, an FM 
channel, could be divided into two 
equal parts for transmission of the 
L and R signals on individual car- 
riers. However, since high-fidelity 
transmission is a basic requirement, 
a method must be employed that 
permits each signal to occupy the 
entire channel bandwidth. 

To transmit both the L and R 
signals at high fidelity in a single 
channel requires multiplex trans- 
mission. This is a technique which 
permits satisfactory separation of 
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the L and R signals at the receiver. 
Note also that the system specified 
by the FCC is a compatible system. 
In other words, to a conventional 
FM receiver (monophonic receiver) 
the multiplex signal “looks like” an 
ordinary FM signal. But to a stereo- 
multiplex receiver, the multiplex 
signal “looks like” separate L and 
R signals. 

A stereo-multiplex system starts 
with the conventional monaural 
audio signal, which is produced as 
the sum of L and R signals. That 
is, two microphones are employed 
as the equivalent of a single micro- 
phone. When the L and R signals 
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(A) Block diagram 


Fig. 2 Basic concept and characteris- 


tics of FM stereo system. 


are mixed, as shown in Fig. 3, the 
mono (L+R) signal is produced. 
This L+R signal is frequency-mod- 
ulated on the RF carrier, and the 
result is the same as if a single mi- 
crophone were used. Furthermore, 
to an ordinary FM receiver, only 
a mono signal is being transmitted 
—actually, as explained next, addi- 
tional information to which on ordi- 
nary FM receiver is unresponsive is 
also being transmitted. 

To explain this additional trans- 
mitted information, let us consider 
the effect of adding a 38-KHz car- 
rier as depicted in Fig. 4. Both the 
L+R signal and the 38-KHz car- 
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rier are frequency-modulated on the 
RF carrier. However, only the L+R 
signal can be reproduced at the FM 
receiver. That is, the 38-KHz car- 
rier is out of the range of audibility. 
Next, if amplitude modulation is 
impressed on the 38-KHz carrier, 
this modulated signal will be inaudi- 
ble on an ordinary FM receiver. 
With reference to Fig. 5, the L+R 
signal is frequency-modulated on the 
RF carrier as before. In addition, 
an audio signal, A2, is amplitude- 
modulated on the 38-KHz carrier; 
this AM carrier subsequently modu- 
lates the RF carrier in combination 
with the L+R signal. 
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Fig. 3 L and R signals are mixed to produce monaural signal. 
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Fig. 4 L+R and 38-KHz signals frequency modulated on RF carrier. 
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__ Fig. 5 Amplitude-modulated 38-KHz subcarrier combined with L and 
_R signals. 
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Fig. 6 Method for reproducing the minions signal. 
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Fig. 5B shows the frequency 
spectrum of the modulating wave- 
forms. The L+R signal has fre- 
quencies up to 15 KHz. On the 
other hand, the amplitude-modu- 
lated 38-KHz carrier has frequen- 
cies in the range from 23 KHz to 
53 KHz. Note that after this fre- 
quency spectrum is frequency-mod- 
ulated on the RF carrier and then 
processed through the discriminator 
of an ordinary FM receiver, the fre- 
quency spectrum is recovered in its 
original form, as depicted in Fig. 
5B. Of course, only the L+R sig- 
nal can be made audible. That is, 
the frequencies from 23 KHz to 53 
KHz are said to be “encoded” in the 
radiated FM signal. 

Now, let us see how the encoded 
signal can be recovered and made 
audible at the FM receiver. Fig. 6A 
shows a bandpass filter with re- 
sponse from 23 KHz, to 53 KHz, 
driven by the discriminator and fol- 
lowed by an AM detector and a 
speaker. It is evident that the band- 
pass filter picks out the AM signal, 
which is then demodulated by the 
AM detector. The demodulated (au- 
dio-frequency) wave envelope is 
then fed to a speaker which repro- 
duces an audible signal. This is the 
A2 signal shown in Fig. 5. Note 
that the output from the discrimi- 
nator in Fig. 5B is a mixture of the 
L+R and the A2-AM signal. Thus, 
the bandpass filter provides separa- 
tion of the signals. 

The foregoing example illustrates 
the basic principle of multiplex op- 
eration. However, the simple ar- 
rangement that we have analyzed 
must be elaborated somewhat to ac- 
tually transmit R and L signals, and 
to obtain the R signal from one 
speaker and the L signal from the 
other. This requires the develop- 
ment of an L—R signal with a phase 
inverter at the transmitter, as shown 
in Fig. 7. 

By inverting the polarity of the 
R signal and adding it to the L 
signal, we obtain an L—R signal. 
Thus we have both L+-R and L—R 
signals available at this point. Note 
that if L+R is added to L—R, we 
can obtain 2L (the L signal with 
the R signal cancelled or separated). 
Again, if L—R is subtracted from 
L+R, we can obtain 2R (the R 
signal with the L signal cancelled or 
separated). 

Addition or subtraction is accom- 
plished in mixers, with associated in- 
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Fig. 7 Developing the 
L+R and L-R signals. 
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Fig. 8 Generation of the 
composite stereo signal 
at the transmitter. 
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Fig. 9 Block diagram of multiplex adapter illustrates method used 
to obtain stereo reproduction. 


MONO SIGNAL 


UPPER 
SIDEBANDS 


LOWER 
S1DEBANDS 


VOLTAGE 


L+R 
AUDIO SIGNAL 


PILOT 
SUBCARRIER 


0 5 10 b 20 Ya 30 35 40 45 50 55 
FREQUENCY kHz 


Fig. 10 Composite stereo signal showing 19-KHz pilot subcarrier 
in empty portion of spectrum. 


verters. After the R and L signals 
have been separated from the L+R 
and L—R signals, we can feed the 
R signal to one speaker, and feed 
the L signal to the other speaker, 
thus obtaining stereo reproduction. 

At the transmitter, the L+R and 
L—R signals are employed to fre- 
quency-modulate the RF carrier as 
shown in Fig. 8. The L—R signal 
is amplitude-modulated on a 38- 
KHz carrier, and the resulting sig- 
nal is mixed with the L+R signal. 
In turn, the mixed signals frequency- 
modulate the RF carrier. 

The frequency spectrum of the 
modulating signal is the same as 
shown in Fig. 5B, wherein the up- 
per and lower sidebands flanking 
the 38-KHz carrier are produced by 
the L—R signal. At the receiver, 
this same frequency spectrum ap- 
pears at the output of the discrimi- 
nator. 

To obtain stereo reproduction, 
the L—R signal is separated by 
means of a 23- to 53-KHz bandpass 
filter, amplitude-demodulated, and 
further processed in a phase inverter 
and a pair of mixers, as shown in 
Fig. 9. The addition of L+R and 
L—R produces a 2L signal. Sub- 
traction of L—R from L+R (the 
same as adding L+R and —L+R) 
produces a 2R signal. Thereby, 
stereo reproduction is obtained from 
the speakers. 

In theory, the 38-KHz catrier 
(technically termed the subcarrier) 
could be transmitted. However, in 
practice, it is preferable to suppress 
the subcarrier at the transmitter, to 
permit transmitting the upper and 
lower sidebands of the L—R signal 
at a higher level and, thereby, im- 
prove the signal-to-noise ratio. In 
turn, the 38-KHz subcarrier must 
be reinserted at the receiver. This 
is accomplished by mixing a locally 
generated subcarrier with the L—R 
sidebands. Note that reinsertion 
must be accomplished not only at 
the exact frequency of 38 KHz, but 
also in correct phase, in order to 
obtain high-fidelity reproduction. 

To permit precise reinsertion, a 
19-KHz pilot subcarrier is transmit- 
ted for receiver synchronization. Fig. 
10 shows how the 19-KHz pilot 
subcarrier is transmitted in an empty 
portion of the spectrum between the 
L+R signal and the lower side- 
band of the L—R signal. Interfer- 
ence is thereby avoided and good 
separation is facilitated at the re- 


ceiver. Note that the 38-KHz sub- 
carrier is generated at the transmit- 
ter, but is trapped out before it is 
broadcast. A 19-KHz pilot-subcar- 
rier oscillator is locked to the 38- 
KHz subcarrier signal, thereby 


Chapter 2 


maintaining precise phase and fre- 
quency relations. 


At the receiver, a tuned circuit 
picks out the pilot subcarrier and 
feeds it to a doubler, thereby de- 


Tuner performance 
evaluation and adjustments 


Checking out a stereo FM tuner 
is a more demanding job, techni- 
cally, than checking out or aligning 
the most complex AM radio or AM 
tuner. The circuitry in stereo FM 
tuners, especially in tuners equipped 
with stereo multiplex decoders, is 
more complex than that in AM ra- 
dios. Also, reception problems are 
greater, and customers seemingly 
are more particular, since they have 
come to recognize FM as a high- 
fidelity, static-free method of broad- 
casting. 

In the following paragraphs are 
briefly described some of the tech- 
niques for checking out stereo FM 
tuners that I have found useful over 
the years. Those described first re- 
quire little or no test equipment. 
Techniques for checking the same 
parameters but which require more 
sophisticated test equipment are 
outlined later. 


important Test Specifications 

Before you can accurately mea- 
sure the performance of an FM 
tuner, you must have a clear under- 
standing of the major specifications 
which define an FM tuner’s perfor- 
mance. In the case of monophonic 
FM tuners, five major and half a 
dozen minor, or less important, 
specifications tell the performance 
story. The major “specs” are: 


1) IHF sensitivity 


2) Signal-to-noise ratic 
3) Harmonic distortion 
4) Drift, 
5) Frequency response 
Less important “specs” include: 
6) Capture ratio 
7) Selectivity 
8) Spurious responses 
9) IM distortion 

10) Audio hum 

11) AM supression 
We shall deal, primarily, with the 
first five of these “specs”. 

In addition to being able to check 
the performance of a tuner with re- 
spect to these specifications, a ser- 
vice technician should be able to 
align and calibrate a tuner, both 
RF and IF sections; adjust the AFC 
(automatic frequency control), if 
such adjustment is provided for; ad- 
just any interstation muting cir- 
cuitry; and, in the case of stereo- 
phonic FM tuners (which now are 
probably in the majority), measure 
such additional parameters as: 

12) Stereo separation 

13) Stereo sensitivity 

14) Sub-carrier rejection 

15) SCA rejection 


Tests Performed 
Without Test Equipment 
While a quantitative sensitivity 
analysis cannot be performed prop- 
erly without test equipment, some 
idea of sensitivity can be obtained 
by comparison analysis with sets 


veloping the 38-KHz subcarrier. 
This subcarrier is then reinserted by 
mixing it with the L—R sidebands. 
The end result is the same as if the 
38-KHz subcarrier had been trans- 
mitted with the L—R sidebands. A 


known to be in working order—or, 
better still, whose sensitivity figures 
are known—or by analysis of the 
customer’s description of the trouble 
symptom(s), particularly how 
quickly and how much the perfor- 
mance changed. 

FM quieting characteristics are 
unlike AM signal-to-noise character- 
istics, as can be seen in Fig. 1. As 
the signal strength at the antenna 
terminals increases, two things hap- 
pen first: the audio output level in- 
creases and the noise decreases. 
Very soon, however, a point is 
reached beyond which a further in- 
crease in signal strength results in 
no further increase in audio level 
but does cause further reduction of 
residual noise. This point is known 
as “full limiting”. By tuning across 
the FM band, and allowing for dif- 
ferences in program material, the 
experienced technician, simply by 
listening for large differences in 
audio level from station to station, 
can easily tell if most stations are 
causing “full limiting” in the IF 
circuits. Better sets will reach full 
limiting at an input signal of just 
a few microvolts. Less-expensive 
sets often require hundreds of mic- 
rovolts to reach this “plateau”. 

Short of a defective IF amplify- 
ing stage or a totally misaligned RF 
or IF section, there is little that can 
cause a set to limit poorly, assuming 
that it was operating correctly in the 
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first place. Consequently, in many 
cases, the trouble will be found ex- 
ternal to the receiver. For example, 
the two conductors of the antenna 
lead-in could have been shorted to- 
gether by the housewife in the course 
of dusting behind the set. Or, the 
antenna could have been discon- 
nected from its transmission line, or 
the outdoor antenna could have 
been damaged or broken in a storm. 
(In a recent study, we found that a 
moderately sensitive tuner con- 
nected to an outdoor antenna ex- 
hibited better sensitivity and quiet- 
ing than did a higher-priced tuner 
equipped with a 300-ohm indoor 
“twin-lead” dipole antenna, tossed 
casually on the floor behind the 
set.) 

At least an elementary idea of 
sensitivity and quieting can be ob- 
tained from off-the-air measure- 
ments, using just an oscilloscope 
and an AC VTVM. Simply connect 
both of these instruments to the out- 
put of the tuner and tune to a de- 
sired station, preferably one broad- 
casting “voice”. Set the vertical gain 
control of the scope so that the 
peaks of audio modulation just 
about fill the screen. In Fig. 2 we 
have approximated this setting using 
a sine waye produced by a signal 
generator so that we could photo- 
graph a stationery image, but the 
same instantaneous peak amplitude 
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can be set up on your scope, using 
random modulation from program 
material. Next, observe the ampli- 
tude of the residual noise on the 
scope during moments of silence, 
or absence of modulation. Such re- 
sidual noise is shown in Figs. 3 and 
4. Notice that in Fig. 3 the noise is 
substantial compared with the pre- 
vious peaks of modulation, whereas 
in Fig. 4 the noise level is notice- 
ably lower. 

I purposely did not change the 
vertical gain setting of my scope, to 
make it perfectly clear what we are 
trying to show, but once you get the 
idea, you can readily increase the 
vertical gain of your scope by fixed 
amounts (my scope has 10:1 steps, 
equal to about 20 dB per step). 
Thus, if you had to shift the ver- 
tical gain setting two switch posi- 
tions to make the noise amplitude 
appear as great as the former modu- 
lation, you would know the noise is 
40 dB lower than full modulation. 
In other words, this would represent 
a signal-to-noise ratio of 40 dB. Of 
course, in the absence of a field- 
strength meter or a good signal gen- 
erator, you cannot establish the 


strength of the signal in microvolts 
to produce an exact signal-to-noise 
ratio, but you can, at least, make 
relative measurements from one set 
to another, or from one station to 
another, and in that way establish 
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Fig. 1 Quieting and limiting characteristics of a typical FM tuner. 


what represents “good” performance 
in your area with a given antenna 
installation. 

By observing the modulation of 
a noise-free station and comparing 
it with that of a somewhat noisier 
station, you can approximate the 
ability of the set to go into “full 
limiting”, even with a relatively 
weak signal applied, because the 
audio amplitude will be the same, 
even though the noise content might 
be considerably different. Again, re- 
member, in the absence of proper 
test equipment, the results can be 
measured only in a qualitative rather 
than a quantitative sense. 


Dial Calibration 

Accurate dial calibration can be 
accomplished without the aid of test 
equipment, because, in all probabil- 
ity, the accuracy of even the best 
of signal generators will be poorer 
than the frequency accuracy of a 
broadcasting FM station, whose fre- 
quency deviation limits are set by 
the Federal Communications Com- 
mission (FCC), First, make certain 
that the dial pointer itself has not 
“slipped” on the dial string. If cali- 
bration is to be attempted after re- 
stringing, follow the manufacturer’s 
instructions for setting the pointer 
with the rotor of the variable tun- 
ing capacitor fully closed. Usually, 
this will be at the lowest mark on 


Fig. 2 Waveform amplitude pro- 
duced by scope which was cCali- 
brated so that 75-KHz RF devia- 
tion (using a 400-Hz audio tone) 
produced full vertical deflection of 
the scope beam. 


Fig. 3 Amplitude of residual noise, 
in the absence of modulation, can 
be compared to maximum audio level 
of Fig. 1, to approximate signal-to- 
noise performance of a _ received 
program. 


Fig. 4 Stronger RF input signal pro- 
duces greater noise rejection. 


the scale, or at some extra mark or 
numeral indication provided for just 
that purpose. Cement the pointer in 
place on the string, using glyptal or 
nail polish, after first crimping the 
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Fig. 5 Proper test setup for making FM tuner performance 


measurements. 


pointer onto the new string. 

Next, tune in a known station at 
the low-frequency end of the dial 
(preferably at about 90 MHz) and 
wait for positive identification of 
the station by its call letters, if your 
FM dial is “crowded”. If there is 
a discrepancy between the station’s 
frequency and the dial setting, care- 
fully tune the local oscillator coil, 
increasing the coil inductance to 
lower the frequency, if the station 
is tuned too low on the dial, or de- 
creasing the coil inductance, if the 
station is too high on the dial. If 
more than a small amount of cor- 
rection is necessary, you also will 
have to retune any antenna and RF 
coils located in the front end. If the 
set has an AGC circuit, this retun- 
ing can be accomplished best by 
tuning for maximum AGC voltage, 
using a DC VTVM as the readout 
device. In those sets with no AGC 
test point or no AGC circuit, I 
have found that by disconnecting 
the antenna, or using a minimal an- 
tenna, such as a short piece of wire, 
the signal can be attenuated to where 
it is noisy and well below limiting. 
With the signal thus attenuated, I 
then carefully “tune by ear” (con- 
trary to all textbook admonitions) 
in much the same way that I have 
been “peaking up” AM radios for 
years. I tune for the loudest and the 
least noisy reception. I repeat these 
tests at a high frequency (around 
106 MHz, if possible), adjusting the 
oscillator trimmer, and antenna and 
RF trimmers, as required, to re- 
establish correct “high end” calibra- 
tion. With a little experience, you 


will find it almost as easy to align 
the front end of an FM tuner using 
this method as it is with a signal 
generator. 


IF Alignment 

Alignment of the IF section of an 
FM tuner without test equipment is 
a bit trickier, because the setting that 
produces maximum signal is not al- 
ways the optimum setting. Many 
manufacturers prefer some form of 
stagger tuning, to provide better 
bandpass in their IF chain. In ad- 
dition, in the absence of an accurate 
10.7-MHz signal source, off-the-air 
IF alignment attempts can result in 
detuning of the IF circuits to some 
other center frequency, such as 10.8 
MHz or 10.6 MHz, at which fre- 
quencies the Q’s of the interstage 
transformers might be lower, result- 
ing in poorer overall gain, limiting 
and quieting. 

Often, however, noticeable distor- 
tion is caused by misalignment of 
only the detector stage of the IF 
system. Most FM receivers use a 
ratio type of detector, the secondary 
of which can be accurately returned 
with just the aid of a DC VI'VM. 
To accomplish this, first find the 
point in the detector circuitry from 
which the audio (or, in the case of 
stereo sets, the stereo decoder) cir- 
cuitry input is obtained, but ahead 
of any DC isolating coupling capaci- 
tors. Connect your VIVM to that 
point. If possible, set the scale of 
the VITVM to zero center and use 
the lowest range. Then, tune in a 
fairly strong station, tuning for max- 
imum AGC reading or maximum 
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indication on the peak-reading tun- 
ing meter, if the set is equipped with 
one. If, at that tuned point, the DC 
VTVM connected to the detector 
indicates anything but zero, tune 
the secondary slug of the ratio de- 
tector until the meter reads exactly 
zero. Distortion should then be min- 
imum, and the detector tuned ex- 
actly to the “center of channel”. 
Correcting a faulty detector circuit 
in this way also will serve to “bal- 
ance” any AFC circuits, so that a 
station will be “pulled in” uniformly 
from either above or below the de- 
sired frequency. Failure of the AFC 
circuits to perform in this manner is 
another clue to detector misalign- 
ment. 
Test Equipment— 
Costly but Necessary 


The procedures outlined previ- 
ously are quick but, at best, pro- 
duce uncertain results. For more 
accurate measurements & alignment, 
other test equipment is needed. A 
good signal generator for the FM 
band costs about $700.00 new, 
(there are units used in laboratory 
applications which cost up to 
$2,000.00). If you’re going to get 
serious about FM work, sooner or 
later you’ll need one. 

The correct hook-up of an FM 
generator and other equipment 
needed for making tests and mea- 
surements is shown in Fig. 5. The 
matching network shown in the dia- 
gram is necessary to match the usual 
50-ohm output of the generator and 
the 300-ohm input employed in 
most FM tuners. As a result of its 
use, however, all microvolt read- 
ings of the generator should be de- 
vided in half. If you intend to mea- 
sure only limiting, signal-to-noise 
ratios and frequency response, the 


harmonic distortion analyzer shown 
in Fig. 5 is not needed; but if you 
want to measure both IHF sensitiv- 
ity and harmonic distortion, you 
will need this piece of equipment 
as well. 


IHF Sensitivity 

This most important of all FM 
tuner “specs” often is called “least 
usable sensitivity”. It takes into 
account two factors: noise and dis- 
tortion. For a signal to be con- 
sidered listenable, the combination 
of these two “undesirables” must be 
30 dB below the maximum audio 
output level. The level of input sig- 
nal, usually measured in microvolts, 
required to achieve this result is 
called the THF sensitivity. To deter- 
mine the IHF sensitivity of a tuner: 

1) Set the modulation on the gen- 
erator to either 400 or 1000 
Hz, and adjust for 100 percent 
(75-KHz) deviation. Either in- 
ternal or external (using an au- 
dio generator) modulation can 
be used, depending upon the 
type of generator. 

2) Tune the set and the genera- 
tor to a “quiet” point around 
the center of the dial, and feed 
into the tuner’s antenna termi- 
nals a signal of about 10 or 
15 microvolts. (Remember, this 
requires a 20- or 30-microvolt 
signal out of the generator, be- 
cause of the matching attenua- 
ting network). 

3) Tune the set to produce the 
cleanest and largest audio sig- 
nal, as observed on the scope. 

4) “Null out” the signal by means 
of the distortion analyzer, read- 
ing the harmonic distortion plus 
residual noise as a percentage. 
If the reading is less than 3 


percent you have exceeded the 
number of microvolts recom- 
mended for an IHF sensitivity 
measurement. If the reading is 
more than 3 percent, more sig- 
nal strength is required to reach 
the level required for IHF sen- 
sitivity measurement. Vary the 
level of the input signal ac- 
cordingly, until the “nulled” 
reading on the distortion ana- 
lyzer equals exactly 3 percent. 
The number of microvolts then 
applied to the antenna termi- 
nals of the set equals the [HF 
sensitivity, and, of course, the 
lower the number, the better 
the sensitivity of the set. 

You occasionally might encoun- 
ter a situation in which the noise 
has all but disappeared from the 
observed waveform but a 3-percent 
reading on the distortion analyzer 
still has not been achieved. In such 
cases, distortion usually is the cul- 
prit, and is caused by insufficient 
'bandwidth. The scope photo of Fig. 
6 shows a typical “S’-curve, ob- 
tained at the audio output of a 
tuner. You can duplicate this wave- 
form by: 1) applying the audio mod- 
ulation of your generator to the hor- 
izontal input of your scope while the 
vertical input of the scope remains 
connected to the tuner output, and 
2) increasing the deviation beyond 
the 75-KHV point previously men- 
tioned. The linear portion of the 
“S”-curve should extend only about 
50 KHz above and below the ver- 
tical axis. With 75 KHz of. devia- 
tion applied, the top and bottom of 
the resulting sinewave at the output 
will be quite distorted, as shown in 
Fig. 7. If this condition exists, an 
increase in signal strength, by it- 
self, will not produce the conditions 


Fig. 7 Narrow 
bandwidth of 
tuner IF system 
produced dis- 
torted output 
waveform shown 
here. ; 


Fig. 6 Typical “S” 
curve observed at 
tuner output, us- 
ing audio modula- 
tion to “sweep” 
FM generator car- 
rier frequency. 


suitable for IHF sensitivity. Usually, 
such distortion is caused by severe 
misalignment or the sudden presence 
of regeneration (for example, caused 
by an open bypass capacitor in the 
IF strip), which constricts, or re- 
duces, the normal bandwidth of 
these circuits. 


Limiting 
Using the same test set-up illus- 
trated in Fig. 5, it is easy to deter- 
imine the point at which “full” limit- 
ing takes place. Simply slowly 
increase the input signal strength 
while observing the scope waveform 
and the meter indication, until the 
audio amplitude of the receiver 
audio output signal is within 1 dB of 
its highest value. The number of 
microvolts required to accomplish 
this represent the ‘full limiting” 
signal. Again, the lower the num- 
ber, the better the limiting charac- 

teristics of a given set. 


“Ultimate” 
Signal-To-Noise Ratio 

The signal-to-noise ratio of a 
given tuner typically should increase 
(noise level becomes less, relative to 
signal level) as the level of the in- 
put signal is increased. To determine 
whether or not a particular tuner’s 
performance meets this expectation, 
a signal-to-noise test is performed 
with the input signal level increased 
to 1000 microvolts (2000 microvolts 
out of the generator). The result is 
called the “ultimate” signal-to-noise 
ratio. 

To determine the ultimate signal- 

to-noise ratio of the tuner: 

1) Increase the signal input to 
1000 microvolts, with full 
modulation applied. 

2) Read the resultant audio am- 
plitude on your AC VIVM, 


and observe the signal on your 
scope. 

3) Now turn off or disconnect the 
audio modulation and read the 
(remaining) noise, hum, or 
or whatever extraneous signal 
is left. Note that the distortion 
analyzer is not required for 
this test. Usually, what remains 
will be mostly hum generated 
in the power supply, and this 
reading is expressed as the 
number of dB below full out- 
put. Exceptional FM tuners 
might have a signal-to-noise 
ratio of 60, 65, or even 70 dB. 


Fig. 8 Correct frequency response characteristic of an FM tuner, if 
no pre-emphasis is applied to modulating frequencies. 


A signal-to-noise ratio below 
that established as normal by 
the manufacturer usually can 
be traced to excessive hum, 
itself usually caused by a de- 
fective component in the power 
supply, such as a filter capaci- 
tor. 


Frequency Response 

By applying to your FM genera- 
tor a series of test modultion fre- 
quencies from 50 Hz to 15,000 Hz, 
at an RF signal input of about 1000 
microvolts, and at a constant 75- 
KHz deviation, a plot of frequency 
response can be made, such as that 
shown in Fig. 8. Before you gasp 


in amazement at the “poor” high 
frequency response, remember that 
at the FM transmitter, the high fre- 
quencies were delibrately “pre-em- 
phasized” by a prescribed amount, 
to produce a better signal-to-noise 
performance. Consequently, at the 
receiver end it is necessary to de- 
emphasize the highs correspond- 
ingly. Because your generator does 
not have this built in pre-emphasis, 
the output results will look like those 
in Fig. 8, which are entirely normal. 
In fact, departure from this curve 
in either direction denotes poor fre- 
quenty response. If the set does not 
produce enough de-emphasis of high 
frequencies, the audio output will 
sound harsh or shrill. 


Harmonic Distortion 

Tests of ultimate harmonic dis- 
tortion are accomplished exactly 
like the IHF sensitivity checks dis- 
cussed previously, except that the 
signal strength at the input to the 
tuner is increased to 1000 micro- 
volts—theoretically eliminating any 
noise contribution to the analyzer 
reading, leaving only the distortion 
to be read. Be sure to tune exactly 
to the center of the channel when 
making this measurement, even 
slight detuning can increase distor- 
tion considerably (a point which 
should be explained to every owner 
of an FM set). Readings as low as 1 
percent or better are not uncommon 
with high-quality FM tuners. The 
lowest I have ever read was about 
0.15 percent, but this is quite rare. 


Alignment With Instruments 

While alignment of RF and IF 
sections of an FM tuner does not 
actually fall in the category of 
“checkout” procedures, the use of 
proper test equipment for this com- 
mon servicing procedure cannot be 
overstressed. After you’ve invested 
in a good generator, meters and 
scope, alignment becomes a routine 
and simple matter. 

Because alignment procedures 
vary greatly from manufacturer to 
manufacturer, and even from model 
to model, only general statements 
about alignment can be made ac- 


9 


Fig. 9 Test setup for making stereo separation measurements, using stereo gene- 
rator having RF input, or using composite audio (dotted lines). 


STEREO GENERATOR 


FM GENERATOR 


i 
{ 
[eet er 
| 
rey oa 
ioe 3 | 
seethes ae 
I | ! | | | 
tO 
| ee. 
Le ed 
L-1L-0 ee : 
L_--L+y peer Se 
EXT. OD, ee IRF OUT 


curately in this article. IF stages us- 
ually are aligned first to 10.7 MHz, 
using either fixed frequency tech- 
niques or sweep alignment methods, 
depending upon the manufacturers’ 
recommendations, After IF and de- 
tector stages have been properly 
aligned, the RF section is aligned, 
as previously outlined, using as low 
an input signal level as is possible. 
No attempt should be made to eval- 
uate the multiplex stereo decoder 
circuitry until correct monophonic 
alignment has been succesfully com- 
pleted, because ultimate stereo per- 
formance depends, in part, upon the 
state of alignment of the mono- 
phonic portion of the tuner or re- 
ceiver. 


Separation Measurements 

Proper use and understanding of 
an FM stereo generator or simulator 
will be dealt with in a forthcoming 
article in ELECTRONIC SERVIC- 
ING. For the present, we will as- 
sume that your stereo FM generator 
is properly calibrated and ready for 
use. If it is equipped with its own 
RF generator as well as a composite 
audio output signal, it is better to 
use the complete generator, measur- 
ing total stereo performance of the 
overall tuner, rather than just de- 
coder circuit performance, If your 
stereo generator has only a com- 
posite stereo audio signal output, the 
best procedure is to apply this sig- 
nal to the external modulation input 
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STEREO TUNER UNDER TEST 


Fig. 10 Block diagram of typical stereo decoder circuit, 
showing adiustments and test points. 
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of your regular FM generator, as in- 
dicated by the dotted lines in the 
block diagram of Fig. 9. Because 
you will want to use a strong signal 
for basic checkout, the matching 
network shown in earlier diagrams 
is no longer essential; a slight mis- 
match of impedance at an input sig- 
nal strength of 1000 microvolts is 
meaningless. 

The block diagram of Fig. 10 rep- 
resents a typical stereo decoder cir- 
cuit. To measure separation: 

1) Apply a 400-Hz, left-only sig- 

nal from the stereo generator, 
so that it provides about 45 
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KHz of deviation to the RF 
carrier. 

2) Be certain the deviation of 
the 19-KHz pilot carrier sig- 
nal is set to. the¥conrecs. 
amount—about 6 to 7 KHz. 

3) While tuning the set to produce 
the most and least distorted 
sine-wave output, read the re- 
sultant audio output on a scope 
and an AC VTVM connected 
to the left output of the de- 
coder. 

4) Switch the stereo generator to 
a right-only signal and note the 
drop in output amplitude at the 


Fig. 11 Plot of stereo separation characteristics of a typical 
good-quality stereo decoder circuit. 


left output of the decoder cir- 
cuit. If this reading is greater 
than 30 dB, the stereo tuner 
has very good separation. 
More-typical figures for low- 
to-medium-quality sets gener- 
ally run from 30 to about 20 
dB at midband frequencies. 

5) Repeat the procedure, this time 
applying a right-only signal and 
reading, first, the right output 
of the decoder for a reference, 
and then switching to a left- 
only signal while continuing to 
read the right-only output 
point. The two readings should 
be within 2 or 3 dB of each 
other. 


Decoder Adjustments 

Although the actual locations of 

adjustments vary from design to de- 
sign, those shown in Fig, 10 repre- 
sent the typical alignment points in 
this type of circuit. To peak these 
adjustments: 

1) Start with the point electrically 
nearest the composite ampli- 
fier output, the 19-KHz adjust- 
ment. Adjust it to produce 
maximum 19-KHz signal, with 


only the pilot carrier used to 
modulate the RF _ generator. 
You can either monitor the am- 
plitude of the 19 KHz at the 
test point shown, or, if a stereo 
beacon, or indicator light, is 
provided in the circuit, adjust 
for brightest indication of this 
light, “rocking” the slug back 
and forth to locate the opti- 
mum point. 


2) The 38-KHz doubler tuned 


circuit then is adjusted either 
for maximum indication of the 
light (if it is located beyond 
that point in the circuit) or by 
direct visual indication on the 
scope and meter. 


3) Adjust the 38-KHz detector 


transformer while observing the 
separation, aS previously men- 
tioned. 


4) Finally, if there is a resistive 


separation adjustment (not 
present in all circuits), it should 
be adjusted for optimum sep- 
aration. For example, often it 
is possible to improve the sep- 
aration of the left channel, only 
to discover the separation has 
been somewhat degraded on 


the opposite channel. In my 
opinion, it is better to “com- 
promise” the setting of the sep- 
aration adjustment to produce 
equal separation on both chan- 
nels, rather than superior sep- 
aration on one and less separa- 
tion on the other. It, therefore, 
is a good idea to check the op- 
posite channel after all the ad- 
justments in the other channel 
have been made, to make sure 
that no deterioration of the 
opposite-channel separation 
has been introduced. 

A checkout of high-frequency 
separation is also recommended, be- 
cause separation at high frequencies 
is often much poorer than at mid- 
band frequencies. A typical plot of 
separation vs frequency of a good- 
quality decoder circuit is shown in 
Fig. 11. 


SCA Rejection Filters 

Most modern stereo decoders are 
equipped with passive filters de- 
signed to attenuate the 67-KHz sig- 
nal broadcast by stations who pro- 
vide “background music” (SCA) 
services. If they are not attenuated 
by the receiver, these SCA signals 
can cause a “swooshing” or whis- 
tling sound in the recovered stereo 
program. A simple two- or three- 
element filter usually is sufficient 
to remove this interference at an 
early point in the decoder circuits. 

To properly tune the SCA-rejec- 
tion filter: 


1) Apply a 67-KHz signal, with 
about 10-percent modulation, 
to your generator. 

2) While monitoring the 67- 
KHz output at the SCA test 
point shown in the block dia- 
gram of Fig. 10, adjust the 
SCA filter circuits for a “null”. 
That’s all there is to it. 


Conclusion 

FM receivers and tuners are more 
complex pieces of equipment than 
their AM predecessors. The addi- 
tion of multiplex stereo decoder cir- 
cuitry further increases this com- 
plexity. An understanding of related 
specifications and methods of mea- 
suring them, as outlined above, will 
enable you to perform stereo FM 
servicing as confidently and com- 
petently as you do TV and AM ser- 
vicing. A 
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Chapter 3 


Localizing trouble to 
the tuner or the amplifier 


Trouble in a high-fidelity com- 
ponent system can occur in either 
the tuner or amplifier and produce 
the same audible symptoms. Others 
are distinctly tuner trouble, and still 
others are always amplifier troubles. 
A bit of logical reasoning plus the 
tips suggested here should reduce 
your troubleshooting time to the 
minimum possible. 

When most home hi-fi systems 
consisted of a separate tuner, a pre- 
amplifier and a power amplifier, it 
was a fairly simple matter to trou- 
bleshoot these systems by the pro- 
cess of elimination. For example, 
if FM reception failed, but the pho- 
nograph section worked, you knew 
positively that the separate tuner 
was the cause of the trouble, etc. 

Today, the trend in hi-fi stereo 
equipment is almost exclusively in 
favor of complete “receivers” (tun- 
er/preamplifier/amplifiers all built 
on one chassis) or even more con- 
solidated “compact” systems, in 
which even the record changer is 
integrated within the one-piece elec- 
tronic chassis. Functionally, of 
course, today’s chassis is still di- 
vided into sections somewhat sim- 
ilar to those of a decade or two 
ago, but isolation of the offending 
section becomes a little bit more 
sophisticated, since we now are 
dealing with sections common to the 
whole system (power supply, selec- 
tor switches, etc.) as well as with 
isolated circuits and components. 

The block diagram in Fig. 1 
shows the typical design of all- 
in-one stereo receivers; with 
its aid, and using much the same 
logic you would use in troubleshoot- 
ing individual components, we shall 
show how it is still possible to track 
down troubles in this type of sys- 
tem using the process-of-elimina- 
tion approach. 

‘Recognizing that some enthusiasts 
of hi-fi still prefer the “separate- 
component” hi-fi system, we also 
shall examine problems caused by 
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mismatching separate components. 


Harmonic Distortion— 
Amp or Tuner? 

An FM generator, a scope and an 
audio oscillator are the only test 
instruments needed to determine 
which circuit is introducing distor- 
tion in a stereo FM system. The FM 
generator is connected to the an- 
tenna terminals, and modulation is 
set to 75 KHz (100 percent) at an 
audio frequency of either 400 or 
1000 Hz. A scope is connected to 
the output of the stereo decoder 
circuitry (either the left or right out- 
put, since a mono signal is being 
used), before the signals are fed on 
to the preamplifier/amplifier stages. 

One form of distortion common 
to FM circuits is illustrated in the 
scope photo of Fig. 2. The cause of 
this distortion is insufficient band- 
width or detector linearity. A wave- 
shape such as this could never be 
caused by amplifier circuits, which 
would tend to cause sharp clipping, 
as illustrated in Fig. 3, rather than 
a “dip” or valley at the tops and 
bottoms of the sine-wave, as in Fig. 
2. Normally, bandwidth of a tuner 
becomes restricted in this manner 
in the absence of sufficient signal 
strength or, what amounts to the 
same thing, improper RF or IF 
alignment. If increased signal 
strength tends to clean up the sine- 
wave of Fig. 2, you can be sure 
that the cause of the distortion is in 
the tuner circuits. You then should 
check alignment and antenna con- 
nections and installation. Today’s 
tuners are so “quiet” that a weak 
signal can cause distorted output 
without the random noise accompa- 
niment usually associated with 
weak-signal conditions, 

On the other hand, waveshapes 
such as that of Fig. 3 will seldom 
be caused by tuner malfunction and 
are more likely to be the fault of 
amplifier circuits which are over- 
loaded. A partly shorted speaker 
connection (frayed lead shorting 


across the speaker terminals) can 
reduce power output to the point 
where the sound is barely audible, 
and at the same time limit maximum 
clipping to produce the output 
shown in Fig. 3. The output of an 
audio generator fed to the actual 
amplifier input (in this case of a 
receiver, use the AUX input) will 
quickly determine if this condition 
exists. Apply a signal no greater 
than that called for in the instruc- 
tion manual; most auxiliary inputs 
require about .5 volt for full ampli- 
fier output. Full amplifier output 
usually will be that power output 
which results in less than one per- 
cent harmonic distortion—an 
amount of distortion barely visible 
on a scope presentation (and barely 
audible, for that matter). 

If no distortion is evident when 
conducting the preceding test, and 
if no distortion was detected at the 
output of the tuner section itself, 
there must exist a mismatch between 
the tuner and the amplifier. This 
often happens when a separate 
tuner and amplifier are used. For 
example, if the tuner is improperly 
connected to a low-level input on 
the amplifier (such as tape head or 
magnetic phono), the first pream- 
plifier stages of the amplifier might 
be overloaded by the excessive in- 
put signal, though the input signal 
itself is not distorted and the am- 
plifier is functioning perfectly. To 
a lesser degree, connecting a tuner 
whose output is one volt or more 
to an amplifier input designed to 
process a signal no greater than 0.5 
volt also can cause noticeable dis- 
tortion, but to a lesser degree. 


In the case of “integrated” re- 
ceivers (tuner/amplifiers), such mis- 
matching is not likely, since the 
manufacturer has seen to it that 
output and input levels of the cir- 
cuits are compatible. 


High Hum Level 
Most hum problems in high-fidel- 
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Fig. 1 An “integrated” stereo receiver, such as the one diagrammed here, can be 
analyzed in terms of its separate “component” functions. 


ity component systems occur when 
magnetic phono cartridges are used. 
The gain of amplifiers used with 
magnetic cartridges needs to be 
about 40 dB greater than the gain 
in use when FM circuits or other 
high-level signal sources are ap- 
plied. Still, there are instances in 
which hum during FM reception 
can be a problem. 


In separate tuners and amplifiers, 
hum can be induced in the AFC 
circuits of the FM front end by elec- 
tromagnetic coupling of high hum 
fields. For example, I have encoun- 
tered tuners mounted directly above 
the power transformer of an ampli- 
fier, and the hum field from the 
transformer was sufficient to induce 
hum modulation in the local FM 
oscillator via the AFC circuits. 


If hum is present in all positions 
of the amplifier’s selector switch, 
the fault is not in the tuner, but in 
the amplifier. For this check, don’t 
use the phono position as a refer- 
ence, but choose a high-level posi- 
tion of the function switch, such as 
“TAPE IN” or “AUX”, whose im- 


pedance and gain levels are about 
equal to that of the tuner input. 


Shielded cables between tuner and 
amplifier should, of course, be ex- 
amined for open ground connec- 
tions, or even high-resistance 
grounds caused by poor soldering 
at the shell of the pin plugs used 
with these cables. If removal of the 
interconnecting cable at the ampli- 
fier end stops the hum, suspect the 
cable or the tuner itself as the 
source of the trouble. Using a very 
long interconnecting cable some- 
times will induce hum, even if the 
cable is shielded, because the shield- 
ing used in inexpensive audio cable 
is usually only about 60 to 70 per- 
cent effective. If the output of the 
separate tuner is not fed from a 
cathode-follower circuit (or an emit- 
ter follower, in the case of solid- 
state equipment), the source imped- 
ance will be high, and external hum 
fieldsipresent might cause sufficient 
voltage drop across the intercon- 
necting cable to produce audible 
hum. 


In the case of all-in-one receiv- 


Fig. 2 Distorted sine-wave shown is the 
result of compressed bandwidth in the 
IF section of the tuner. 


Fig. 3 ‘‘Flat-topped” clipping of sine- 
wave, shown here, is the result of am- 
plifier overloading—not the fault of 
tuner distortion. 


ers, the only causes of tuner-section 
hum. I have ever encountered are 
an open capacitor associated with 
the power supply that feeds operat- 
ing voltages to the tuner, and an 
open RF bypass capacitor in the 
RF section of the FM tuner. 


High Noise Level 
Fig. 4 illustrates the relationship 
between signal and noise in a typical 
FM tuner. Note that as the input 
signal strength is increased, the noise 
level becomes lower and lower, fin- 
ally reaching a low figure which 
remains constant. At the same time, 
the audio output of the tuner sec- 
tion increases in amplitude for a 
short time with increasing signal, 
reaching a constant value much 
sooner than the residual noise 

reaches its final, low value. 


A tuner which exhibits good lim- 
iting characteristics will reach this 
constant level of audio output with 
just a few microvolts of RF signal 
applied, while an inferior product 
might require 100 to 500 microvolts 
of input signal before the audio 
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Fig. 4 FM background noise and audio output levels are a function of input (RF) 
signal strength, and follow the general relationships shown in the curves. 
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Fig. 5 In some tuner circuits, adequate ‘‘quieting”’ is reached at signal levels which 
are too low to provide “full limiting’, or ‘‘full audio recovery”. 


“plateau” is reached. This explains 
how a weak signal can produce 
background noise, even though the 
audio level appears normal. For ex- 
ample, note that while a signal of 
10 microvolts will produce full out- 
put of audio in the example of Fig. 
4, the noise at this signal input level 
will be only some 30 dB below full 
output, and, therefore, quite audible 
and annoying. 

If noise is traced to the tuner it- 
self (by checking for other noise 
forms in the phono or other ampli- 
fier input positions and noting its 
absence), you probably will be deal- 
ing with a signal strength problem 
(although resistors and transistors 
in these circuits can produce noise). 
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Again, this will require investigation 
of antenna connections, the condi- 
tion of the antenna (is it rusted, are 
transmission line connections goad, 
etc.?) as well as the alignment cf 
the tuner. If the set under investi- 
gation is equipped with any kind of 
signal-strength meter, it can be used 
to check the strength of the received 
signal, Using an FM generator hav- 
ing an output calibrated in micro- 
volts, you can easily calibrate the 
tuner’s own signal strength )meter 
to read directly in microvolts. For 
example, if you establish that 20 
microvolts of input signal from 
your generator will cause the tun- 
ing meter to deflect two divisions, 
and a radio station signal causes a 


meter deflection of only one divi- 
sion, you know that the received sig- 
nal is considerably less than 20 
microvolts—too weak to produce 
quiet operation. 


Background FM noise is “white 
noise”, or noise that contains all 
audible frequencies. Noise produced 
by noisy transistors, resistors and 
tubes usually has a more character- 
istic “shot” noise effect; with prac- 
tice, you might be able to distin- 
guish between the two types just by 
listening. In the event that you do 
decide that a noisy transistor is at 
fault, it usually will be one located 
in the audio portion of the equip- 
ment, since transistors designed for 
use at high frequencies (such as the 
10.7-MHz IF and 100-MHz regior 
RF associated with FM) are gener- 
ally much lower-noise devices to be- 
gin with, and are subjected to 
greater quality control with regard 
to this parameter. 


It’s Not Loud Enough 

Fig. 5 shows that under certain 
conditions a signal can be received 
with adequate quieting (absence of 
background noise) but so far below 
limiting that it is necessary to turn 
up the volume control more than 
for other received signals. This will 
occur in weak signal areas when 
you are dealing with a set that has 
very poor limiting. It has been my 
experience that many foreign-made 
sets suffer from this defect, because 
the designers place greater empha- 
sis ON noise quieting than on good 
listening. 

Obviously, you cannot redesign 
these sets, but you can determine, 
as before, that the signal is weak 
and then do something to improve 
the audio recovery, such as install- 
ing a better antenna or, if no an- 
tenna is being used at all (other 
than a short piece of wire or a so- 
called line-cord-coupled antenna), 
strongly recommend to your custo- 
mer that a suitable FM antenna be 
installed. 


In the case of separate tuners 
connected to separate amplifiers, 
make certain that the low FM level 
is not being caused by a misadjust- 
ment of the level control usually 
supplied on the tuner. This control 
might or might not be a front-panel 
control. Often, it is a rear “screw- 
driver” control intended to be set 
properly during installation. 


Some elaborate preamplifiers, and 
even integrated amplifiers, also are 
equipped with input-level controls 
used to set up equal levels from 
all signal sources. If the amplifier 
in question is so equipped, the set- 
ting of this control might have been 
moved accidentally and should be 
checked. Of course, if levels of as- 
sociated signal sources, such as 
phono and tape, are suddenly 
lower than normal, the fault might 
be traced to the amplifier circuits, 
using normal audio signal-tracing 
techniques, Stereo amplifiers are ac- 
tually an aid in this sort of tracing, 
since, in most cases, only one chan- 
nel of the pair will exhibit loss of 
gain (unless the common power sup- 
ply is at fault). By comparing the 
gain at similar points in the circuit 
of one channel with that of the 
other channel, the point of gain- 
loss is quickly determined. 

Intermittent FM 

The bane of the serviceman’s ex- 
istence, the elusive intermittent, oc- 
curs in stereo tuners just as it does 
in every other piece of consumer 
electronic equipment, Don’t blame 
the FM tuner, however, until you 
have checked the amplifier for in- 
termittents by playing through it a 
signal source other than FM. A 
good way to isolate the intermit- 
tent is to feed a modulated FM RF 
signal in at the antenna terminals 


Fig. 6 Test setup for analyzing performance of tuner section in a stereo high-fidelity 


system. 


and observe the scope waveform at 
the detector output of the FM tuner. 
A diagram of this setup is shown 
in Fig. 6. If the intermittent does 
not show up during this observation 
(while tapping the chassis, applying 
heat or coolant to the suspected 
part, etc.), it is reasonable to as- 
sume that the trouble is beyond this 
point, either in the stereo decoder 
circuitry (which is usually “in-cir- 
cuit”, even in the “mono” mode of 
operation) or in an early audio am- 
plifying stage in a complete receiver. 
If it does show up, the next step 
is to feed a modulated 10.7-MHz 
signal to the Ist IF stage, using a 
suitable coupling capacitor. If the 
intermittent disappears under these 
conditions, the trouble is probably 
in the RF or oscillator stages of the 
tuner. A suspicious element is al- 
ways the variable capacitor, whose 
rotor might be touching the stator 
at one or more points during rota- 
tion, If the intermittent still is pres- 
ent, the IF section should be sus- 
pected; the elements most likely to 
be at fault are interstage transform- 
ers, which can be internally shorted 
or so close to being shorted that a 
slight movement of the chassis com- 
pletes the short. 


It Must Be The Tuner 


Some common defects in a high- 
fidelity stereo system immediately 


can be pinned down as being the 
fault of the tuner section (in a 
tuner/amplifier receiver) or the 
tuner (in a separate-component sys- 
tem). These include loss of sensitiv- 
ity, drift, an undue amount of back- 
ground noise when listening to 
stereo FM, and permanent or in- 
termittent loss of stereo separation 
when listening to stereo FM. 

Once loss of sensitivity has been 
established as not being caused by 
a broken antenna connection or a 
damaged antenna, look in the RF 
section of the tuner. A weak RF 
stage (tube or even transistor) will 
not cause complete absence of re- 
ception but will, in most instances, 
result in a weak, noisy FM signal. 
Often, an IF stage that is defective 
will cause the same effect. 


Isolation of the exact stage at 
fault can be accomplished by con- 
ducting stage-gain measurements, 
but these measurements are a bit 
too complex for some technicians, 
and require very careful metering 
and scope observations. 

An indirect way to measure early 
stage gain in a tuner or receiver is 
by means of the AGC circuits of 
the tuner or receiver. The setup is 
shown in block-diagram form in Fig. 
7. If, for example, it takes 100 mi- 
crovolts of RF signal input to pro- 
duce 2 volts of AGC voltage, and 
it takes 1000 microvolts of 10.7- 
MHz IF signal applied to the Ist 
IF stage to produce the same 2 
volts of AGC, then the gain of the 
“front end” must be 10, or 20 dB 
of voltage gain. 


Similar measurements can be 
made from stage to stage, using a 
fixed amount of developed AGC 
voltage as a reference. If, when 
moving the signal generator from 
one stage to the succeeding one, no 
change in signal input is required 
to maintain the same AGC voltage, 
that stage is not producing any gain. 
Of course, such measurements can- 
not be used for stages which follow 
the point from which AGC voltage 
is derived, such as the last IF or 
limiter stage, but if you’ve gotten 
that far and no stage has been sus- 
pected, the last stages can be inves- 
tigated by process of elimination. 


Invariably, a relatively large 
amount of noise on stereo FM (com- 
pared to mono FM) is not the fault 
of the tuner, although it usually is 
hard to convince your customers of 
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this fact. The truth is that stereo 
FM reception is about 20 dB nois- 
ier than monophonic FM. A design 
that produces 60 or 70 dB of signal- 
to-noise on a strong mono FM sig- 
nal usually will produce about 40 
to 50 dB of signal-to-noise in stereo 
FM, which is still quite acceptable. 
But, if a particular design produces 
40 or so dB of quieting on a mono 
signal (which is acceptable), when 
it is switched to stereo FM, it will 
yield a 20 dB signal-to-noise ratio, 
which is definitely not acceptable. 
Since there’s nothing you can do to 
the set design to increase its basic 
sensitivity, and since you can’t ask 
the customer to move closer to the 
broadcast station, your only alter- 
native is to sell the customer on the 
idea of a good outdoor FM antenna 
suitable for his location and dis- 
tance from the stations he wants to 
hear. It’s a lot easier (and quite 
common) to get an increase of sig- 
nal strength of ten-to-one by using 
a good outdoor antenna than it is 
to increase tuner sensitivity by even 
two-to-one! 

Usually, loss of separation in 
stereo FM is also the result of a 
weak signal, though other causes, 
such as faulty stereo decoder or 
switching circuits, can produce the 
trouble. Most modern stereo tuners 
have an automatic switching circuit 
which changes the reception mode 
from mono to stereo when a stereo 
signal is received. Most of these 
circuits have a “threshoid” adjust- 
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DETECTOR 


Fig. 7 Block diagram here 
illustrates method of indirect 
“stage-gain’” measurement, 
using AGC voltage as a refer- 
ence. 


ment, set at the factory to switch 
the receiver over to the stereo mode 
at a given signal strength. This is 
done because most listeners will not 
want te listen to stereo FM if it is 
accompanied by an excessive 
amount of background noise. Your 
customer might prefer separation 
—even if it is noisy, so check the 
stereo threshold adjustment, if the 
tuner is equipped with one. Of 
course, if separation is lost for all 
stereo FM listening conditions, the 
trouble is more serious and the ac- 
tual multiplex circuits need to be 
checked (after you make certain the 
customer has not accidentally set 
a remote mode switch to the 
“mono” position!). 

Gradual drift is almost always 
caused by heat—heat which reaches 
frequency-sensitive capacitors, coils 
and active devices in the local oscil- 
lator section of the tuner. Although 
today’s solid-state designs have de- 
creased the probability of drift by 
reducing heat build-up in the chas- 
sis, placing a solid-state tuner di- 
rectly over a heat-producing ampli- 
fier (even a solid-state model) can 
upset the carefully compensated-for 
circuits, and can cause drift in even 
the most modern set. 

Tube-type sets should be given 
plenty of ventilation and air space 
around them, so that the greater 
amount of heat produced in these 
chassis will not cause excessive drift. 

Unusual or severe cases of drift 
usually can be traced to a defective 


compensating capacitor associated 
with the local oscillator circuit of 
the FM tuner. The active oscillator 
element (transistor, FET, etc.) also 
might be at fault, and its voltages 
should be checked both when cool 
and an hour or so later, after the 
set has reached operating tempera- 
ture. Another remote, but possible, 
cause of drift in an FM set is ex- 
treme change of power line voltage 
(caused when all the air condition- 
ers are turned on in an inadequately 
wired house, for example). 


It Must Be The Amplifier 

A dead stereo channel usually 
means a dead amplifier channel, 
but not always. The easiest check is 
to feed a signal into the AUX in- 
put of the amplifier, using both left 
and right inputs. If the previously 
dead channel is still inoperative, the 
trouble is in the amplifier. 


As mentioned previously, transis- 
tor noise can be mistaken for tuner 
noise by all but the most experi- 
enced listener, Actually, there is a 
difference. Transistor noise usually 
(but not always) is laden with a 
“shot” effect, and usually is not 
uniform in intensity. Tuner back- 
ground noise is uniform, wide-spec- 
trum noise, and is not as offensive 
to the listener. Still, if you’re not 
sure, switch to AUX once more. 
If the noise is still there and similar 
in character to what you heard when 
the function switch of the set was 
in the tuner position, the trouble 
probably is in the amplifier. 

Overheating of ainplifier output 
transistors, blowing of fuses and 
popping of thermal circuit breakers 
are all symptoms of an overloaded 
amplifier. If these failures occur 
when listening to FM at normal 
levels, the trouble is in the amplifier 
and not in the tuner. A check for 
partial speaker lead shorts or unau- 
dible oscillations, which might be 
driving the amplifier far into over- 
load without anything being heard, 
should quickly disclose the source 
of the trouble. In some class AB 
or class B transistorized amplifier 
circuits, one of the output pair can 
be defective and the amplifier still 
produce sound at low or medium 
levels. However, in such cases, cur- 
rent drain might become excessive 
because of unbalanced biasing, pro- 
ducing the overload symptoms men- 
tioned previously. A 


Chapter 4 


Tracking down separation problems 


How Stereo Separation 
is Achieved 

Some fifteen years after the popu- 
larization of stereophonic sound re- 
production in home music systems, 
there is still much that is misunder- 
stood about two-channel, or stereo, 
sound by listeners and technicians 
alike. The nature of the “stereo illu- 
sion” is still being intensively inves- 
tigated by top scientists in the field. 

Before you can logically attempt 
to analyze ‘“‘stereo faults” in a high- 
fidelity stereo system, it is impor- 
tant to understand the few elements 
that go to make up what we call the 
“stereo effect”. 


The easiest phenomenon to un- 
derstand about stereo is “separa- 
tion”. If two microphones were used 
to record the original program, each 
microphone “heard” a different pro- 
gram because it heard it from a dif- 
ferent vantage point. The left micro- 
phone, in the case of a typical sym- 
phony orchestra arrangement, will 
pick up the string section with 
greater intensity than, say, the brass 
section, while the converse will be 
true of the right-channel micro- 
phone, That is not to say, however, 
that the right microphone picks up 
no sound from the string section or 
that the left microphone “hears” no 
trumpets. What we can safely say 
though, is that the right microphone 
will pick up the string section with 
considerably diminished amplitude, 
and at a somewhat later point in 
time. 

When listening to the recorded 
results, your ears and that part of 
your brain which translates into “in- 
telligence” what the ear picks up 


will work with these two differences 
between channels—intensity and 
time of arrival (which may be looked 
upon as “phase” differences, since 
at all but the highest tonal frequen- 
cies, the difference in time of arri- 
val will be but a fraction of one full 
wavelength). As implied, the job 
of any stereophonic amplifier is to 
faithfully reproduce both the ampli- 
tude and phase differences between 
the recorded material of both chan- 
nels, 

Manufacturers and _ technicians, 
as well as many users of equipment, 
have been conditioned to adopt the 
“purist” attitude that the more elec- 
trical separation you have between 
channels, the better the system. 
Thus, claims of 25, 30 and even 40 
dB of separation are made (and met) 
by various pieces of equipment on 
the market. 

The truth is, however, that in all 
but the most exaggerated stereo re- 
cordings (in which, for example, the 
two channels were actually recorded 
in two separate studios and even 
on two separate occasions) it has 
been proven that virtually all lis- 
teners cannot detect the difference 
between 10 or 15 dB of separation 
or cross-talk, By that we mean, it 
is better to have a balanced cross- 
talk situation (left to right and right 
to left) of 12 dB than to have, say 
20 dB of cross-talk from left to right 
and only 8 dB of isolation from 
right to left. This condition, which 
is sometimes present in mis-adjusted 
stereo,FM circuits, causes listeners 
to try to re-balance the “center” 
sound (with no success, by the way) 
by means of the balance control on 
the amplifier. 


Speaker Placement for Stereo 

Ignoring any electrical problems, 
for the moment, it has been our ex- 
perience that most complaints from 
customers involving “poor stereo 
effect” stem from improper speaker 
and/or listener placement. 

Equipment manufacturers are of- 
ten at fault here, because, in an ef- 
fort to generalize, they make such 
statements in their instruction book- 
lets as :““Place the speakers 8 to 10 
feet apart for optimum stereo ef- 
fect.” Now, 8 to 10 feet of separa- 
tion might be great for certain size 
rooms and with the listener in an 
optimum position, but in other situ- 
ations the sound might fuse together 
in what sounds little better than a 
two-speaker monophonic system, 
while in other circumstances the ap- 
parent separation might be so ex- 
treme as to sound like two separate 
programs with a big “hole-in-the- 
middle”. 

Over the years, we have formu- 
lated a set of basic layout dimen- 
sions which work satisfactorily. 
These layout dimensions are tabu- 
lated in Table I, and are based upon 
the listener being positioned at dis- 
tances shown. Of course, the listener 
cannot always position himself at 
the optimum listening point, and ad- 
justments have to be made. For this 
purpose, the graph of Fig. 1 shows 
the necessary correction factors to 
apply to the table if the listener has 
to sit further away or closer to the 
plane of the loudspeakers. Some 
flexibility is, of course, permitted, 
but both the table and the graph 
are based upon consumer reactions 
which we have observed and cata- 
loged over at least ten years of cus- 
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tom installation work. 
"“Odd-Room Problems” 

Stereo installations would be sim- 
ple if everyone lived in a perfectly 
rectangular room, with a wall ratio 
of approximately 4 X 5, and with 
no archways, doorways, open win- 
dows and broken sections of walls. 
Unfortunately, architectural aesthe- 
tics are often at odds with stereo re- 
quirements, which leads us to the 
bane of the stereo installer’s exist- 
ence—the “L’’-shaped living room/ 
dining room combination so preva- 
lent in American architectural 
schemes. 

A typical “problem” layout is 
shown in Fig. 2. Obviously, the in- 
formation contained in Table I and 
Fig. 1 will not work here. The best 
compromise we have been able to 
devise for this typical arrangement 
is shown in Fig. 3. It is based upon 
the proposition that the extra cubic 
volume of the dining area is in re- 
ality a part of the living room vol- 
ume (or, at least, about 50% of it 
is considered to be so) and makes 
use of the inherently better bass 
propagating characteristics of at 
least one of the loudspeakers when 
it is placed in a corner. 

Because bass tones are not par- 
ticularly directional in stereo pro- 
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gramming, this bass enhancement 
from one corner will not notice- 
ably detract from the overall stereo 
balance desired. By mentally in- 
creasing the dimensions of the ma- 
jor rectangular area by an amount 
equal to 50% of the dining area, 
you use the separation figures in 


Table I and Fig. 1. As an example, 
suppose the major dimensions (the 
large area) in Fig. 2 are 15 feet x 
20 feet, and the dining area is 10 
feet x 10 feet. The dining area 
is 100 square feet; the main area 
is 300 square feet. Add 50 square 
feet (50% of the dining room area) 
to the major area, for a result of 
350 square feet. Keep the ratios of 
“length” to “width” approximately 
constant, to arrive at new arbitrary 
(though fictitious) main area dimen- 
sions of 1612 x 22 feet. The near- 
est available figures in Table I are 
for a 18 feet x 24 feet listening 
area, and that is how we arrived 
at the placement of speakers and 
listener in the finished layout of 
Fig. 3. 

If you are faced with a situation 
in which the above calculations in- 
dicate that one speaker must be 
placed in the opening between liv- 
ing and dining areas, the only valid 
solution (short of compromising the 
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RATIO OF DISTANCE OF LISTENER FROM 
SPEAKER WALL TO OPTIMUMS SHOWN IN TABLE I 


Fig. 1 Graph shows correction factor in speaker spacing when listener’s distance 


to speakers Is other than Ideal. 
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whole installation) is to reverse lis- 
tening and speaker positions, plac- 
ing the speakers on the long, con- 
tinuous wall that is not broken up 
at all. If such a reversal is neces- 
sary, use main area listening dimen- 
sions which are reduced by 50% 
of the dining area square footage. 
In other words, place the speakers 
closer together than would be called 
for by the basic dimensions of the 
large main area, per Table I. 


Separation Problems 

Related to Circuit Defects 

Of course, things can happen to 
the electronic components of a 
stereo system to reduce or com- 
pletely eliminate separation, and no 
amount of speaker placement will 
compensate for these electronic 
shortcomings, which we shall con- 
sider next. 

Aside from actual short circuits 
in amplifiers, the major cause of 
loss of stereo separation is the in- 
advertent placement, by the oper- 
ator, of the “mode” switch in the 
mono setting. 

Similarly, many “one speaker 
doesn’t work” complaints can be 
traced to complete rotation of the 
“balance” control either to the ex- 
treme left or extreme right position 
which, in most cases, completely 
turns off the alternate speaker sys- 
tems entirely. 

In tuners or receivers, loss of 
stereo FM often can be traced to a 
selector switch being left in the FM 
instead of the FM-Stereo (or FM- 
MPX) position. In such equipment 
the case is further complicated by 
the “stereo indicator light”, which 
denotes the reception of a station 
broadcasting in stereo, Many users 
erroneously presume that because 
the light is lit they are, in fact, 
listening to the program in the 
stereo mode. Newer sets which fea- 
ture automatic switching from Mono 
to Stereo (on FM) have at least 
eliminated this erroneous use of the 
selector control; however, even in 
these sets there is a general “Mono- 
Stereo” switch which might have 
been left in the Mono setting. 

Phono cartridges themselves can 
be connected wrongly so that only 
monophonic sound is produced, 
even though the stereo cartridge is 
okay. If the “hot” and “return” 
leads of one channel of a stereo 
cartridge are accidentally reversed 


while the terminals of the other 
channel are connected correctly, the 
only bad result will be phase re- 
versal. If, however, one of the sec- 
tions of the cartridge is internally 
grounded, either to the frame of the 
tone arm or to the frame of the 
record changer or turntable and this 
point, in turn, is grounded to the 
amplifier chassis, a total “short” 
will have been placed across the 
incorrectly wired section of the cart- 
ridge and sound will come through 
only one channel. 


Many tape recorders also have 
mono switching arrangements that 
should be checked first, before 
checking the circuitry for defects. 
Remember, in some complex sys- 
tems a tape deck may be connected 
to a preamplifier which, in turn, 
may be connected to an amplifier. 
All of these elements might have 
facilities for switching between 
mono and stereo operation, and if 
any one of these switches is acci- 
dentally left in the mono mode, 
mono mixing of both channels will 


take place. 


Locating Actual Circuit Defects 

The most obvious way to trace 
stereo separation in amplifiers or 
preamplifiers is by means of two 
audio oscillators, each set to a dif- 
ferent frequency, each feeding one 
channel of the amplifier. An oscil- 
loscope can then be used to check 
for isolation of signals, stage by 
stage, as shown in the block dia- 
gram of Fig. 4. By examining the 
waveform at each point illustrated 


ister] Table 1 
Speaker placement for best stereo effect 
Listener’s Optimum 
Distance Distance 
Room to Between 
Size Speaker Wall Speakers 
8’ x 10’ 4! 8 
10’ x 12’ 8’ 11’ or corners 
|-— 10’ —_- 12’ x 15° 10’ 13’ 
18’ x 20’ 12’ 15 
18’ x 24’ 19 18’ 
20’ x 30’ 18’ 24’ 


Fig. 2 A typical ‘‘problem” lay- 
out in stereo installations is the 
“L”-shaped living room/dining 
room arrangement. 


Fig. 3 By allowing for the extra room area, 
a reasonable speaker arrangement is calcu- 
lated for the “problem” room of Fig. 2. 


AUDIO OSCILLATOR #1 


AUDIO OSCILLATOR #2 


PREAMP 
STAGE 
PREAMP 
STAGE AMP 
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VOLTAGE 
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VOLTAGE 


SCOPE #1 


RIGHT CHANNEL 


Fig. 4 Separation checks can be made using two audio oscillators set to different frequencies, as shown in the block diagram. 
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and by using two frequencies which 
are adequately separated (e.g. 400 
Hz for the left channel and 1600 
Hz for the right channel), the pres- 
ence of two frequencies in the chan- 
nel where only one should be will 
be very apparent, even if its unde- 
sired content is as low as 10% or 
less (equivalent to separation of 20 
dB or more) of the desired signal. 
The stage at which such “cross- 
talk” takes place can then be iso- 
lated and further investigated for 
the presence of shorts between 
channel components, shorts between 
“hot” conductors of audio cables 
from opposite channels, unbypassed 
power supply dropping resistors, 
etc., any one of which could be 
responsible for the presence of an 
excessive amount of cross-talk. 


“Two” Signals for The 
Price of One 

We have devised an inexpensive 
gadget which we use in trouble- 
shooting separation problems. This 
device has two advantages over the 
method previously described. 

Earlier in this article it was stated 
that the stereo illusion is pro- 
duced by both amplitude and phase 
differences between channels. The 
“two-audio-generator’ method can 
tell you all you want to know about 
the amplitudes of the left and right 
channel signals, but it can’t tell you 
a thing about the phase responses. 

The device whose schematic dia- 
gram is shown in Fig, 5, and which 
we have labeled, “Two-for-one” 
adapter, enables a technician to 
check both amplitude and phase of 
the two stereo channels—and re- 


Fig. 6 The completed 
adapter, labelled for use in tracing sep- 
aration problems. 


“two-signal” 
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Fig. 5 Schematic of phase-shifting network used to produce two 180-degree, out- 
of-phase audio signals of approximately 800 Hz. 


quires only one audio generator. 

_ The “Two-for-one” adapter pro- 
duces two output signals whose 
phases are 180 degrees apart. As 
can be seen in Fig. 5, this is ac- 
complished by three RC networks 
(R1-C1, R2-C2, R3-C3) each of 
which shifts the phase of the ap- 
plied sinewave by approximately 60 
degrees. 

In addition to shifting phase, the 
networks, as shown, will attenuate 
the input sine wave by approxi- 
mately 30 dB. To compensate for 
this attenuation, a fixed and a vari- 
able resistor have been added in 
the path of the “in-phase” channel. 
The potentiometer is needed so that 
the amplitude of the “zero phase” 
and “180-degree” signals can be set 
exactly equal before the instrument 
is used for testing. This is a lot less 


Fig. 7 Rear view of adapter shows wir- 
ing layout. 


expensive than, say, using 1% re- 
sistors and capacitors, which would 
otherwise have been required to 
maintain such accuracy. As it is, 
10% tolerance for all parts is ade- 
quate, and the potentiometer itself 
can have a 20%, or even a 30%, 
tolerance. 

Since we are using such broad- 
tolerance capacitors and resistors, 
the exact frequency at which ex- 
actly 180 degrees of phase shift 
takes place cannot be predicted, 
other than to state that it will be 
around 800 Hz (a nice mid-fre- 
quency value). This presents no 
problem, however, because the fre- 
quency of your audio oscillator is 
variable, and you can set its output 
to the frequency which causes ex- 
actly 180 degrees of phase shift in 
the one channel of the device. 


Fig. 8 When properly calibrated, the 
adapter provides two out-of-phase sig- 
nals of equal amplitude, as shown in 
this dual-trace scope photo. 


The ‘“Two-for-one” adapter shown 
in Fig. 6 is constructed on an alum- 
inum chassis, and the inputs and 
outputs have been labeled for easy 
identification. The simplicity of wir- 
ing is shown in the photo of Fig. 7. 
Parts layout is not at all critical, be- 
cause only low audio frequencies 
are involved. A complete parts list 
is shown in Table IT. 

After completing the’ wiring and 
assembly, we set out to calibrate 
the device for use. We had access 
to a dual-trace oscilloscope and 
therefore were able to observe the 
relative phases of the two wave- 
forms as the audio generator was 
tuned to the correct frequency (in 
our case, about 780 Hz). The po- 
tentiometer was adjusted so that the 
amplitudes of the two outputs were 
equal, as shown in Fig. 8. 

If you have only a single-trace 
oscilloscope, connect one of the out- 
puts to the vertical input terminals 
and the other to the horizontal (ex- 
ernal) inputs, and switch the hori- 
zontal selector of the scope to 


“EXTERNAL”. If the frequency of 
the generator is far removed from 
the frequency which will produce 
180 degrees of phase shift a “liss- 
ajous” pattern will be produced 
which looks something like one of 
the three in Fig. 9. As the gener- 
ator output approaches the correct 
frequency, you will first pass 
through a circular lissajous pattern 
(indicating 90 degree phase differ- 
ence) and finally you will see a 
diagonal line sloping upward, to the 
left, indicating exactly 180 degrees 
phase difference between the two 
signals. Carefully note on your 
audio oscillator the frequency which 
produces 180 degrees of phase 
shift between the two outputs of 


the device, so that you don’t have | 


to repeat this procedure every time 
you want to use the device for 


signal tracing. 

You might have to turn up the 
amplitude control on your audio 
oscillator relatively high, to com- 
pensate for the approximate 30 dB 
of attenuation noted earlier. Be- 
cause most audio oscillators are 
able to produce 5 to 10 volts of 
audio output voltage (r.m.s.), there 
should still be about .15 to 0.3 volt 
available at the two outputs of the 
device after it has been calibrated. 

The best way to calibrate the 
amplitude of the ‘“zero-phase-shift” 
signal with respect to the 180-de- 
gree signal, using the potentiometer, 
is to measure each output sepa- 
rately with an AC VTVM, with the 
correct frequency applied from your 
audio oscillator. 

To trim the frequency and ampli- 
tude for optimum, if desired, use a 
stereo amplifier which is known to 
be functioning properly and whose 
separation is at least 30 dB. Feed 
the ‘“‘zero-shift” signal to one input, 
and the 180-degree signal to the 
other channel. Set the mode switch 


on the amplifier to MONO and, 
if the gain of both channels is equal, 
you should hear practically no 
sound coming from the speakers. 
Trim the frequency of your oscilla- 
tor and the amplitude control on 
the device for an absolute null (no 
or minimum sound heard), alternat- 
ly adjusting the audio oscillator and 
the potentiometer on the adapter a 
it at a time, until best null is 
achieved. Your “two-for-one” signal 
adapter is now ready to trouble- 
shoot stereo amplifiers which ex- 
hibit separation problems. 


Using The ‘‘Two-For-One” 
Signal Adapter 
There are several ways in which 
you can use this device for tracing 
separation problems, If the circuit 
of the defective amplifier is such 


Table Il 


Parts list for phase-shift adapter of Fig. 5 


_ Symbol Descriptions 
© C2, C3 2.0. Capacitor, Disc, Ceramic; 0.005 mfd, 10%, 100V 
i, ve, JS Jack, Phono, Switchcraft 3501FP, or equal 
Ht He RS... Resistor, Composition, 100K ohms, % Watt, 10% 
4 Resistor, Composition, 220K'ohms, v2 Watt, 10% 
MO Potentiometer, 100K ohms, Mallory Type U-41, or equal 


Co. Chassis, utility, 4” x 4” x 2”, Bud Metal AU-1083, or equal 
vet Terminal strip, H. H. Smith type 859, or equal 
Be es Solder, hook-up wire, mounting hardware, control knob 


that mono mixing takes place early 
in the circuit, you can operate the 
amplifier in the MONO mode and 
check for littie or no audio voltage 
between the output points of the 
respective left and right channel 
equivalent stages. The stage which 
first shows a substantial departure 
from zero audio voltage, as you go 
down the line, is the one to investi- 
gate for possible loss of gain or 


0° (IN PHASE) 


90° PHASE SHIFT 


180° (QUT-OF-PHASE) 


Fig. 9 Out-of-phase signals applied to 
the horizontal and vertical inputs so a 
scope will produce a diagonal line, as 
shown here. 


other defect. 

If you prefer, you can leave the 
amplifier in the stereo mode and 
observe lissajous patterns at the out- 
puts of each stage (of each channel) 
as before, noting the proper 180- 
degree phase shift and the equality 
of amplitude levels at the output 
of each stage. When a stage fails 
to meet either condition, the stage 
should be tested further. Remember 
that although an extreme difference 
in phase shift characteristic between 
stages (observed as a shifting of a 
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lissajous pattern from the desired 
sloping line, upward to the left), is 
not strictly speaking, a definite indi- 
cation of loss of separation or an 
increase in cross-talk, it neverthe- 
less can impair the stereo illusion 
and should be analyzed and cor- 
rected if possible. 


Limitations of the Adapter 

It should be realized that this 
device is useful in only the audio 
circuits of stereo equipment. Loss 
of stereo in the stereo FM (multi- 


plex) circuits of a tuner or receiver 
cannot be analyzed easily using this 
device, unless the problem is with 
the one or two audio stages that 
usually follow the demodulator cir- 
cuitry. To troubleshoot stereo FM 
separation problems, a stereo FM 
generator is still essential. However, 
the “Two-for-one” adapter, at least, 
can help you eliminate the audio 
stages of the system as the source 
of the separation problem, after 
which you can proceed directly tc 
the stereo FM circuitry, A 


lsolating the causes of distortion 


Harmonic Distortion 

The most familiar and common 
type of distortion in audio systems 
is harmonic distortion (HD), which 
is characterized by the undesired 
presence of frequencies or tones 
which are an arithmetic multiple of 
the desired tone or tones, For ex- 
ample, a pure 1000-Hz tone fed 
into an audio amplifier might pro- 
duce in the output varying amounts 
of 2000-Hz, 3000-Hz, 4000-Hz sig- 
nals, etc. These harmonics change 
the audible sound produced by the 
amplifier, and, if present in large 


Fig. 1 Dual-trace oscilloscope photo 
showing undistorted input signal (up- 
per trace) and distorted output signal 
(lower trace). 
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amounts, they can change a pleasant 
sound into a very disturbing one. 


It is this “harmonic content” that 
enables us to distinguish the sound 
of one musical instrument from an- 
other. Middle A on a piano key- 
board has exactly the same funda- 
mental frequency as middle A 
played on a violin, yet we can easily 
distinguish between the two instru- 
ments, primarily because of the per- 
centages of harmonics, or multiples, 
of the fundamental frequency. 


In musical instruments, these har- 
monics are necessary and desirable. 
This is not the case in audio equip- 
ment. We like to get out of them 
only what we put in—which means 
that the amplifier should not gener- 
ate tones of its own. 

Fig. 1 is a photo of a scope on 
the screen of which a double trace 
has been achieved by means of an 
electronic switch. The upper trace 
is a “clean” 1000-Hz input tone fed 
to an amplifier. The lower trace is 
the actual output waveform of the 
amplifier. The “clipped” tops and 
bottoms of the sine wave represent 
severe distortion, which would be 
very apparent to most listeners. 

To measure the actual percentage 
of distortion, the output signal is fed 
to a distortion analyzer. The distor- 
tion analyzer “‘nulls out” the funda- 
mental, or desired, frequency, leav- 


ing only the undesired harmonics, 
whose amplitudes are measured di- 
rectly as a percentage of the ampli- 
tude of the desired signal. To dis- 
play the “distortion” on a scope, 
amplifying circuitry is included in 
the distortion analyzer. 

The display shown in Fig. 2 
shows the clean input signal (upper 
trace) and the distortion product 
(lower trace). By counting the num- 
ber of sinusoidal waveforms in the 
distortion product in Fig. 2, it can 
be determined that it consists pri- 
marily of “second harmonic” fre- 
quency, though traces of higher har- 
monics are present as well. 

Experienced listeners can detect 
harmonic distortion percentage as 
low as 1%, while less acute listen- 
ers can tolerate distortion percent- 
ages as high as 5% without noticing 
them. 

The prices of distortion analyzers 
range from under $100.00 in kit 
form to about $650.00 for profes- 
sional laboratory models. This in- 
strument really is indispensable for 
anyone who services a large amount 
of high-fidelity stereo component 
equipment, 


intermodulation Distortion 

Another common form of audible 
distortion which occurs in consumer 
audio equipment is called intermod- 


ulation distortion (IM). Like har- 
monic distortion, it usually results 
when an amplifier is driven beyond 
its power-handling capability. Most 
experts feel that intermodulation 
distortion in significant amounts is 
even more objectionable than har- 
monic distortion, While harmonic 
distortion generates undesired fre- 
quencies that are directly related 
mathematically to the fundamental, 
intermodulation distortion produces 
totally unrelated frequencies. Cer- 
tain non-linearities in the amplifier 
circuitry can actually produce 
“beat” frequencies in much the same 


Fig. 2 Distortion analyzer enables the 
user to analyze the content of distor- 
tion. Upper trace is ‘‘clean’’ input; 
lower trace is amplified representation 
of harmonic distortion content in out- 
put of amplifier whose output wave- 
form is shown in Fig. 1. 


Fig. 3 IM distortion is caused by the 
non-linear amplification of two widely 
differing frequencies, which produces 
sum and difference frequencies. Up- 
per trace is undistorted input. Lower 
trace is ‘‘clipped” output. 


way that a superheterodyne radio 
receiver produces sum and differ- 
ence frequencies of the incoming RF 
signal and the local oscillator. For 
example, suppose a given instant of 
musical programming contains a 60- 
Hz bass tone and a 7000-Hz treble 
tone. In this case, frequencies of 
7060 Hz and 6940 Hz represent the 
intermodulation distortion products 
of the amplifier. 

This form of distortion also is 
measured as a percentage of the am- 
plitude of the desired total compos- 


ite signal and, again, percentages of 


from 1% to 5% or more can be ex- 
tremely annoying. 

Fig. 3 shows input and output 
waveforms used in the measurement 
of intermodulation distortion. The 
low-frequency component applied is 
four times the amplitude of the high 
frequency—a standard agreed upon 
by the industry. An intermodulation 
distortion analyzer measures the 
“beat frequencies” produced by the 
non-linear overload shown in the 
lower trace of Fig. 3, and expresses 
the result in percentage on a meter. 

Vacuum tube amplifier designs 
almost always produce IM distor- 
tion that is about four times as great 
as the harmonic distortion, In solid- 
state designs, this relationship does 
not hold true; IM figures generally 
run about the same or a bit higher 
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than harmonic distortion. 

Power output used to be the pri- 
mary factor related to both har- 
monic distortion and intermodula- 
tion distortion. However, in these 
days of solid-state amplifier designs 
that use class B operation, distor- 
tion at low power-output levels has 
become quite prevalent. It is not un- 
common to encounter a distortion- 
versus-power-output curve similar to 
that shown in Fig. 4, in which the 
harmonic and/or intermodulation 
distortion increases not only as 
maximum power output is ap- 
proached, but at extremely low 
power levels as well. 


Crossover Distortion 

Fig. 5 is a schematic of a simple, 
low-powered phonograph amplifier 
using a complementary-symmetry 
output (push-pull circuit with NPN 
and PNP transistors fed by a com- 
mon input). Forward bias for both 
output transistors is created by the 
voltage drop between the DC sup- 
ply and R3 and D1 and R4, and is 
intended to insure full half-cycle 
conduction of each of the output de- 
vices. If. the forward bias is set in- 
correctly, or changes because of low 
ambient temperatures or because of 
a change in supply voltage, etc., 
each output device will conduct for 
less than a complete half-cycle, pro- 


POWER OUTPUT (WATTS) 
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Fig. 4 In some amplifiers, distortion increases with lower power outputs as well as 
at overload. This conditions usually is caused by ‘‘crossover distortion’. 
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ducing an output waveform like that 
in Fig. 6. 

Twice per cycle a brief period ex- 
ists during which neither output 
transistor conducts linearly, and 
crossover distortion is generated. 
Since the duration of the non-con- 
duction period is constant, it will 
constitute a greater percentage of 
distortion at lower output levels than 
it will at higher output levels, and it 
is for that reason that the overall 
distortion percentage actually in- 
creases aS output power is de- 
creased. This form of distortion is 
particularly objectionable because 
the harmonic content contributes a 
“buzzing”, almost crackling, effect 
to the program material. 


Amplitude Cistortion 
Amplitude distortion usually is 
called “poor frequency response”, 
but in fact it is really as much a 


form of distortion as the other types 
already discussed. For example, if 
the gain of an amplifier is 6 dB 
higher at 8 KHz than it is at 4 KHz, 
musical balance will be thrown off 
if all other elements of the system 
are flat. Furthermore, if a 4-KHz 
musical note is being amplified, and 
if the amplifier contributes 2% of 
second harmonic distortion (unde- 
sired 8-KHz signal), this actually 
will produce 4% distortion because 
of the extra treble boost in the am- 
plifier. If this suggests that tone 
controls should be “banned” from 
all amplifiers, there is some justifi- 
cation to the premise. Tone controls 
really should be used only to com- 
pensate for other peaks or deficien- 
cies in the response of a system. 
Unfortunately, most consumers mis- 
use these controls, turning up bass 
and treble controls to “show off” 
their systems. 


100mfd 
OUTPUT 


Fig. 5 A typical ‘“‘complementary symmetry”, push-pull amplifier in which forward 
biasing on output devices must be critically adjusted. 


AREAS OF "CROSSOVER DISTORTION" 


have “crossover 
distortion”. 
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Fig. 6 Output 
waveform often 
encountered in 
class B solid-state 
amplifiers which 


Environmental Distortion 

Into this last category of distor- 
tion are lumped such miscellaneous 
conditions as room acoustics, me- 
chanical buzzes caused by “sympa- 
thetic” vibration of objects located 
adjacent to loudspeaker systems, 
and room resonances which empha- 
size certain low frequencies out of 
proportion to others. 

Although these conditions are us- 
ually relegated to the domain of the 
professional acoustic engineer, serv- 
ice technicians often can isolate and 
correct troubles related to these con- 
ditions, if they are familiar with 
them. The addition of draperies or 
carpeting often can correct an over- 
ly shrill-sounding listening environ- 
ment. Moving stereo speakers to a 
new location often can “balance”, 
or cancel out, specific low-frequen- 
cy room resonances. It takes a bit 
of experimenting and a lot of pa- 
tience, but it is worth the effort in 
terms of the customer’s satisfaction. 


Incorrect Input Levels 

The great flexibility of compon- 
ent stereo high fidelity has long been 
recognized, but it is this same flex- 
ibility which often causes high or- 
ders of distortion which really are 
not the fault of any single compon- 
ent in the system. 

Fig. 7 is a block diagram of a 
typical system, consisting of a tuner, 
a preamplifier, an amplifier and a 
phono and tape system, The chart 
indicates minimum and maximum 
input and output levels for each de- 
vice. If the system is set up with 
the actual operating levels shown in 
Fig. 7, several components will be 
misused or adjusted to incorrect lev- 
els with respect to the mating com- 
ponents. Note that the input stages 
of the power amplifier will be over- 
loaded rather than the output stages. 
Under these conditions, there will 
be audible distortion, even with the 
amplifier master-volume control 
turned down to “whisper” levels. 

It is of great benefit to have level 
and volume controls on every com- 
ponent in a system, but it also can 
lead to severe mismatching of levels 
if instructions are not followed. 


Incorrect Output Stages 
Because today’s high-fidelity am- 
plifiers are designed to provide fair- 


ly high power levels, it is not prac- 
tical to check maximum power out- 
put using loudspeakers, because the 
sound would be deafening if steady- 
state single tones were used. 

Most high-power wirewound re- 
sistors normally used as dummy 
loads contain a fair amount of in- 
ductance, which can upset the out- 
put characteristics of some amplifi- 
ers, and also lead to erroneous 
readings. 

The best and easiest dummy load 
to use as a speaker substitute is one 
consisting of a number of 2-watt 
carbon composition resistors, ar- 
ranged in parallel so that their net 
value equals 8 ohms (the most com- 
mon high-fidelity loudspeaker im- 
pedance). For example, we built 
two such resistive loads using twen- 
ty-eight 220-ohm, 2-watt resistors in 
parallel for each load. Besides the 
non-inductive advantages of such an 
arrangement, this gave us a pair of 


loads each capable of absorbing 56 
watts of audio power continuously 
—suitable for even the highest pow- 
ered amplifiers. 

Two setups for observing output 
waveforms are shown in Figs. 8A 
and 8B. In Fig. 8A, observation of 
the output waveform is made direct- 
ly by an oscilloscope, and distortion 
amounts are estimated from experi- 
ence, in the absence of a distortion 
analyzer. In Fig. 8B, a distortion 
analyzer is interposed between the 
output and the scope, so that dis- 
tortion content can be observed on 
the scope as well as measured on a 
meter. Usually, better amplifiers will 
have a bias adjustment potentiome- 
ter somewhere in the circuit, and if 
instructions do not detail optimum 
quiescent output stage current, the 
best means of adjustment is obser- 
vation of the scope for lowest dis- 
tortion as the bias control is rotated 
from one extreme to the other. 


_ Operating Levels for System in Fig. 7 


Input Min. Input Max. Output Min. 


Component Output Max. 
Tuner —— —— 0 (has volume 2 volts rms 
control) 

Phono Cartridge —— _ _— 0.1 volt rms 

Tape Unit _ —_— —_— 0.1 volt 0.5 volt 
(has control) 

Preamp: Tuner input 0.1 volt 0.5 volt 0.5 volt 2.5 volts 
Phonoinput 2.0 mv 70 mv 0.5 volt 5.0 volts 
Tapeinput 0.1 volt 0.25 volt 0.5 volt 2.5 volts 

Power Amplifier 0.25 volt 0.5 volt — 50 watts 

TUNER PREAMP POWER AMPLIFIER 


TO 
SPEAKERS 


Fig. 7 Typical hi-fi component setup. Accompanying table shows that levels of in- 
put to preamplifier and amplifier are misadjusted, causing distortion in first three 


stages of preamplifier and amplifier. 


Program Source Distortion 

Besides discrepancies in matching 
levels between components, distor- 
tion often is produced by one or 
more of the program source ele- 
ments of a stereo high-fidelity sys- 
tem, such as the FM tuner, the pick- 
up cartridge of the phono system or 
a tape deck or transport mechanism. 

Because many signal sources us- 
ually are connected to a system, the 
first thing to do is eliminate the am- 
plifier as suspect by listening care- 
fully to each of the system’s pro- 
gram sources. If distortion occurs 
with only one of the sources (say, 
the FM tuner), make sure the out- 
put level from this component is 
compatible with the input-level re- 
quirements of the amplifier or pre- 
amplifier to which the signal is be- 
ing fed. If levels seem right, observe 
the output of the offending system 
component on a scope, preferably 
feeding a single mid-frequency tone 
to the suspect component. In the 
case of phono or tape, this will 
mean using a frequency test record 
or tape. In the case of FM, some 
form of FM signal generator with 
built-in modulating frequencies will 
be required. 

Distortion analyzers can be used 
with “voltage output” components 
as well as with power amplifiers. 
Usually, only 0.1 or 0.3 volt is 
required to calibrate most distortion 
analyzers to 100% reference points 
on the meters. 

If distortion is noted in the out- 
put of an FM tuner, it usually can 
be traced to poor alignment of the 
tuner, mistuning or, in rare in- 
stances, to the single audio amplifi- 
cation stage often employed just 
ahead of the tuner output. 

Distortion found in phono or tape 
systems requires a bit more analy- 
sis, because these devices include 
transducers, such as tape heads, 
phono cartridges, etc., as well as 
preamplifier stages associated with 
them. Waveforms should be exam- 
ined first at the preamplifier outputs 
of these system components, ahead 
of the main amplifier. If distortion 
is noted, a low-level audio signal 
should be fed to the input of the 
preamplifier involved. Audio levels 
for tape head preamplifier inputs 
are usually no more than 1 milli- 
volt, while for most magnetic cart- 
ridges the level varies from under 1 
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Fig. 8 Two methods used to examine amplifier distortion using: (Top) an oscillo- 
scope connected across dummy output load, and (Bottom) using a distortion ana- 
lyzer to feed the scope with just the distortion content. 


millivolt to about 5 millivolts, at 
mid frequencies, 

If the preamplifier section is dis- 
tortion-free, the transducer itself 
should be suspected. In the case of 
phono cartridges, this can mean a 
defective stylus which is unable to 
track the record groove and gener- 
ates distortion, a mechanically de- 
fective coupling between stylus and 
the rest of the cartridge structure or, 
in the case of ceramic or crystal 
cartridges, a defective element. 

Don’t overlook the fact that the 
records being played also might be 
worn, contributing significant 
amounts of audible distortion. This 
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effect will be first noticed with re- 
spect to high frequencies, since these 
closely spaced undulations in the 
record groove wall are worn or dis- 
torted more easily than low-frequen- 
cy recorded information, In the case 
of tape heads, loss of good frequen- 
cy response, especially high fre- 
quencies, means misalignment of the 
head with respect to the tape travel, 
or, more often, dirty heads coated 
with oxide compounds, which are 
picked up from the tape. Other than 
these purely mechanical defects, 
there is little that can go wrong 
with a tape head, short of an open 
coil, which would be obvious. 


Speaker System Distortion 
It is often stated that loudspeak- 
er systems “‘never wear out”, Noth- 


ing could be further from the truth. 
A loudspeaker is called upon to 
move air by means of a vibrating 
cone, and anything that vibrates 
continuously in this manner, and 
must be suspended and centered 
with extreme accuracy, is certainly 
subject to wear, 

Often, a rubbing voice coil or a 
stiff, restricted cone of a loudspeak- 
er can sound very much like a dis- 
torted amplifier. The only way to 
tell the difference is by isolating the 
two elements by means of waveform 
analysis. 

If you hear distortion in a system, 
and have eliminated the signal 
sources as the cause, the next thing 
to do is to connect your scope at the 
input terminals of the speaker it- 
self. If the waveform observed there 
(either by listening to program ma- 
terial or by means of a test tone fed 
to the amplifier) is still “clean”, you 
can be relatively certain the distor- 
tion is originating in the loudspeak- 
er itself. 

In a multi-speaker system contain- 
ing woofer, mid-range and tweeter, 
placing your ear close to these in- 
dividual speakers usually will dis- 
close which is defective. Most serv- 
ice shops are not properly equipped 
to repair speakers which are me- 
chanically defective; this work 
should be left to the manufacturer 
of the particular speaker, if possible, 


A 


FM alignment with and without sweep 


One of the persistent fears that 
prevents some technicians from re- 
alizing the most from FM radio ser- 
vicing is alignophobia. This is char- 
acterized by a fear of touching tuned 
circuits above 2 MHz or so. 

FM alignment admittedly is more 
complex than, say, aligning an AM 
table model radio. On the other 
hand, even the simplest black-and- 
white TV alignment is much more 


26 


complex than FM radio. 

Sweep alignment is considered to 
be the best method for aligning an 
FM receiver. Although we will 
shortly be getting into a more sim- 
plified method involving non-swept 
techniques, we'll begin examining 
the characteristics of FM modula- 
tion and sweep alignment methods. 

Frequency modulation (FM) dif- 
fers from amplitude modulation in, 


shall we say, the direction of the 
modulation. 
AM 

In amplitude modulation, the au- 
dio information is superimposed on 
a radio carrier wave. This relation- 
ship is shown in Fig. 1. (The wave- 
form shown in C can be viewed on 
an oscilloscope by connecting the 
output of an AM signal generator 
through a diode demodulator probe 


to the vertical input of the scope.) 
All that is necessary for proper AM 
demodulation at the receiver end is 
a simple solid-state diode detector. 
FM 

In an FM transmitter, on the 
other hand, angular modulation is 
used. There are actually two types 
of modulation commonly called FM. 
One is “pure” FM while the other 
is actually phase modulation. 


Terminology—deviation and swing 

In any given FM modulator, an 
audio signal of one polarity will 
cause the carrier frequency to in- 
crease while the opposite polarity 
causes the frequency to decrease. 
Many technicians become bogged 
down at this point with unfamiliar 
terminology and false impressions. 
One point is confusion over the 


sweep width and deviation. The dis- 
tinction between frequency deviation 
and swing is illustrated in Fig. 2. 

The amount of frequency shift, 
usually measured in KHz from the 
center frequency to either extremity, 
is called deviation. 

The entire width of the modu- 
lated signal, from it’s lowest ex- 
tremity to the highest, is called the 
frequency swing. The meaning of 
this term is synonomous with the 
sweep width of an FM generator. 

Another term, modulation index, 
often is used in connection with fre- 
quency modulation. It is defined as 
the ratio between total deviation 
and the modulating frequency. Be- 
cause an FM broadcast station can 
transmit audio signals up to 15 
KHz, the maximum attainable mod- 
ulation index value is 5 (75 KHz 
deviation/15 KHz modulating fre- 
quency). 

Some technicians believe that de- 
viation and frequency swing are de- 
termined by the frequency of the 
modulating signal. This is true for 
AM. In pure FM, however, devia- 
tion and frequency swing are de- 
termined by the relative level, or 
amplitude, of the modulating sig- 
nal. The term “100 percent fre- 
quency modulation” is actually an 
arbitrary standard established by 
the FCC, who have determined that 
75 KHz deviation will be 100 per- 
cent. 


Phase modulation 

To prevent confusion, it might 
be well to explain a thing or two 
about a related form of angular 


modulation, phase modulation 
(PM). It is the type of modulation 
used in the so-called VHF-FM two- 
way radio transmitters. 

PM deviation is directly related 
to the modulating frequency. The 
process of phase modulation pro- 
duces a rising curve which increases 
6 dB per octave over the range of 
modulating frequencies. Because of 
this, it is necessary to de-emphasize 
the higher audio frequencies. 


The deviation vs modulating fre- 
quency differences between FM and 
PM are shown in Fig. 2B. 


FM fidelity 

Frequency modulation is well 
known for it’s high-fidelity sound. 
This is attributable to the wide 
range of audio frequencies allowed 
FM broadcasters by the FCC. An 
FM station is allowed to transmit 
audio frequencies up to 15 KHz 
while most AM stations are re- 
stricted to no more than 5 KHz. 
Some hi-fi buffs might be more 
than a little upset if they knew that 
FM is actually rather lo-fi. Those 
upper audio frequencies must be in- 
creased, or as mentioned earlier, 
pre-emphasized, before being ap- 
plied to the modulator in the trans- 
mitter. To compensate for this pre- 
emphasis, the receiver must be 
equipped with a 75-microsecond 
(RC time constant) de-emphasis 
network. 


The purpose of sweep alignment 
is to insure that the bandpass of the 
receiver is wide enough to provide 
sufficient amplification of all the 
transmitted intelligence. An FM re- 
ceiver that has too narrow a band- 
pass will significantly distort the 
received signal. On the other hand, 
a bandpass that is too wide will 
produce an annoyingly high noise 
level. 

What constitutes proper receiver 
bandwidth seems to be a matter of 
controversy. Many technicians, in- 
cluding the author, have tradition- 
ally aligned FM receivers to pro- 
duce a 150-KHz bandpass. How- 
ever, at least one authority claims 
that it should be wide enough to 
admit the eighth significant har- 
monic produced by an index 5 mod- 
ulating frequency, which is 240 
KHz on monoaural stations and 318 
KHz on stereo stations. Because 
there is contradiction about this 


point, and because an electronic 
technician is a professional who is 
responsible for his own work, I 
leave it to you to determine which 
bandwidth to use. 


Sweep Alignment 
A typical sweep alignment setup 
for FM is shown in Fig. 3. The 


(C) 


Fig. 1 Elements of amplitude modula- 
tion. A) Unmodulated carrier. B) Modu- 
lating signal. C) Amplitude modulated 
carrier. All of these can be viewed on a 
scope. 


sweep generator simulates the sig- 
nal from an FM broadcast station. 
The marker generator provides small 


quired signals into one composite 
that can be fed into the FM re- 
ceiver. Direct connection, without 


the adder, can cause interaction be- 
tween sweep and markers which can, 
distort the response curve. Many 
test equipment manufacturers now 
offer sweep, marker and adder func- 
tions in one cabinet. Many of these 


pips which help determine the fre- 
quency at a particular point on the 
response curve traced out by the 
oscilloscope. The marker and the 
sweep outputs are fed into an adder. 
This device combines all of the re- 
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Fig. 2 A) The graph here illustrates the frequency components of a single FM chan- 
nel. The total bandwidth is 200 KHz, 50 KHz of which is divided into two 25K-Hz 
guard bands, one situated at each extremity of the channel. The amplitude and 
polarity of the modulating signal causes the frequency to shift either above or be- 
low the center, or carrier, frequency; this is called deviation, and is limited to no 
more than 75 KHz above or below the center frequency. The total amount that the 
modulating signal can shift the frequency is 150 KHz. The frequency of the modula- 
ting signal determines the rate at which the frequency of the transmitted signal is 
shifted. Ideally, the amplitude of the transmitted signal remains relatively constant. 
The percentage of FM modulation, usually called the modulation index, is determined 
by the ratio of the maximum deviation and the modulating frequency which produced 
it. For example, if a deviation of 75 KHz is produced by a 15KHz modulating signal, 
the modulation index is 5, or 100 percent—the deviation and the modulating fre- 
quencies used in this example are the maximums allowed by the FCC. B) This 
graph illustrates the fact that in phase modulation, which is an indirect form of fre- 
quency modulation, the higher frequencies of the modulating signal are purposely 
de-emphasized prior to application to the modulator. This is because the amount of 
frequency modulation produced by the lower modulating frequencies is not pro- 
portional to that produced by the higher frequencies; the lower the frequency, the 
disproportionately lower the modulation. The main advantage of the various phase- 
modulation systems over conventional FM systems is that a crystal-controlled oscil- 
lator can be used in the master oscillator. This eliminates the need for the separate 
crystal-controlled frequency control system required to maintain acceptable fre- 
quency accuracy in conventional FM systems. 
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instruments also include bias sup- 
plies and other functions that are 
needed by TV men. All this means 
a lot less effort, less bench clutter 
and more usable bench space. 


The alignment instructions for 
most FM receivers and/or tuners 
usually will tell you where the adder 
output is to be injected. Success 
will be more sure if these instruc- 
tions are followed to the letter. 

If such instructions are not given, 
however, you can connect the out- 
put wire from the generator or adder 
to a short piece of insulated hook-up 
wire. This ‘‘gimmick’’ is then 
dropped inside the slug of the Ist 
FM IF transformer. If this trans- 
former has screw driver slots in- 
stead of hex-holes in the slugs, the 
added output can be connected to 
the base or grid of the FM mixer. 
The hot side of the adder’s output 
cable should be connected to the 
injection point via a capacitor of 
.001-.005mfd. 

Most instructions also specify the 
generator settings. These typically 
read: 10.7 MHz, 22.5 KHz sweep 
width, 400 Hz modulation. 

A simplified block diagram of an 
FM receiver is shown in Fig. 4. 
Connect a zero-center, high-imped- 
ance voltmeter to point A. (Most 
ordinary shop VTVM’s can _ be 
made zero center by readjusting the 
zero control.) With proper signal 
applied to the input point, as de- 
scribed previously, adjust the sec- 
ondary of the detector transformer 
for zero volts. The meter will read 
a positive voltage on one side of the 
correct transformer setting and a 
negative voltage on the other side. 

Next, connect the meter across 
the speaker of the receiver. Peak 
all other IF tuned circuits to pro- 
duce a response curve similar to 
that in Fig. 5. 


Tuner 

To align the front end, it is nec- 
essary to apply a proper signal to 
the antenna terminals of the set. 
The signal, preferably, should have 
a frequency that corresponds to one 
of the calibration points on the tun- 
ing dial. 

After injecting the proper signal, 
zero the receiver oscillator by care- 
fully turning the associated trimmer 
capacitor (occasionally a slug-tuned 
coil is used) until the voltage at 
point A (Fig. 4) is again zero. 


Next, peak the RF amplifier and 
antenna tuning adjustments for max- 
imum output. Monitor the response 
curve on the scope during this pro- 
cess. The markers will help you 
determine whether or not the re- 
sponse is correct at the significant 
frequencies. It is best to sacrifice a 
little gain to produce a correctly 
shaped response curve. 


Non-Swept Alignment 

Although sweep alignment is con- 
sidered the most accurate way to 
align an FM set, it isn’t the only 
way. An unmodulated signal gen- 
erator, if properly used, can provide 
a signal good enough for acceptable 
alignment under certain conditions. 

Equipment for non-swept align- 
ment is wide and varied. In gen- 
eral, however, all of it can be 
broken down into two catagories: 
First, you will need some sort of 
level indicator. A good shop VT VM 
generally will suffice. Also, you will 
need a stable signal source. This 
can be either a good grade of tun- 
able service-type signal generator 
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Fig. 3 Typical setups for performing sweep alignment of an FM receiver. See text 
for detailed procedure. 
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Fig. 4 Simplified block diagram of a typical FM receiver (Motorola Model FM991). 
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(AM modulation, if any, must be 
switched off) or a crystal-controlled 
marker oscillator. 

There are only afew requirements 
which the signal source must meet: 
One is that-it have decent short 
term stability. Another is that it 
be reasonably accurate. A third re- 
quirement is that it have low leak- 
age and a good attenuator. (Many 
of the so-called service grade gen- 
erators exhibit enough leakage, even 
under maximum attenuation, to 
cause overload problems during 
alignment.) 

The author built a fairly decent 
alignment oscillator using commer- 
cially available oscillator and buffer 
kits. These are inexpensive and, 
when housed in a double-shielded 
aluminum enclosure produce low 
residual RF radiation. 

I chose two crystals for my port- 
able FM alignment oscillator: 10.7 
MHz and 9 MHz. The 10.7-MHz 
crystal is, of course, used to align 
the FM IF amplifiers. The 9-MHz 
crystal was chosen because it has 
harmonics at 90 MHz, 99 MHz, 
and 108 MHz, which can be used 
for checking an FM receiver’s cali- 
bration and tracking at both ex- 
tremities and the middle of the 
band. No provision was made for 
modulation because this signal gen- 
erator was intended exclusively for 
FM alignment and servicing. 

Many sets require some sort of 
dummy antenna between the signal 
generator and the injection point. 
This is especially true of automotive 
FM and FM Stereo receivers. A 
dummy antenna which can be used 
with most types of car radio is 
shown in Fig. 6. It can be built in- 
side of a standard Motorola-type 
car radio antenna plug. Other types 
might require a different type of 
dummy antenna. Be sure to consult 
either the appropriate PHOTO- 
FACT or the manufacturer’s ser- 
vice manual. 


The test setup shown in Fig. 7 
will produce satisfactory alignment 
of most types of FM receivers. Con- 
nect the output of a 10.7-MHz gen- 
erator (6.5-MHz for some European 
car radios) either to the input of the 
FM mixer or, via a gimmick, as de- 
scribed earlier, to the 1st IF trans- 
former. (Do not connect the genera- 
tor cable directly to the transformer 
because the cable capacitance will 
de-tune the set.) Connect a high- 
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impedance DC voltmeter to a point 
that corresponds to point Z in Fig. 
8. Adjust the secondary of the de- 
tector transformer to null (zero 
voltage). Here a zero-center VTVM 
will be convenient. As in sweep 
alignment, the voltage will swing 
positive and negative on either side 
of the correct adjustment. 


There are two major factors 
which, if overlooked, can make 
identification of the “null” point 
difficult. One is overloading of the 
IF amplifier chain, which, in some 
sets, is caused by AGC action. 
Identification of the null points 
also can be difficult because the 
visual effect of the tuning adjust- 
ments will be very small in rela- 
tion to the total meter reading. 

The AGC system can be dis- 
abled in many FM sets. In fact, in 
many cases, the manufacturers in- 
structions call for the FM AGC 
to be disabled. 

The only way to eliminate sim- 
ple overload problems associated 
with alignment is to select more 
attenuation in the signal generator. 
Most instructions state that the 
best signal level is the point 
slightly above the level that 
“quiets” the FM receiver. As the 
tuned circuits are peaked up, it 
might be necessary to periodically 
readjust the attenuator to that 
point. 


IF alignment 

To peak the IF transformers, 
connect the meter to the point that 
corresponds to Z in Fig. 8. An 
alternate point might be the input 
of the limiter stage, which will re- 
quire a low-capacitance detector 
probe. At either test point, the 
reading will be maximum when 
the IF transformers are properly 
adjusted. 

When using the detector probe 
at the limiter input, however, you 
will find that adjusting the limiter 
output tuning will not produce an 
indication on the meter. Conse- 
quently, to peak the limiter out- 
put, connect the meter to either 
side of the detector transformer 
secondary. Be sure to use only 
a high-impedance voltmeter 
equipped with detector probe. 

During IF transformer peaking, 
the signal source may be left con- 
nected in the same manner as it 
was in the previous step. Again, be 


sure that the generator output 
level is maintained just above the 
receiver’s quieting point, to prevent 
overload. 

Do not attempt to use a broad- 
cast station signal as a source. It 
is very difficult to find a station 
that presents this optimum signal 
level with any degree of reliability. 
Also to be considered is that “cap- 
ture effect” and the inherent re- 
jection of weak signals by FM re- 
ceivers will raise havoc with at- 
tempts at on-the-air alignment. 

Also, do not attempt to use your 
ears as a level detector. Added to 
the objections listed previously is 
the annoying broadness of FM 
tuned circuits. This broadness is a 
result of the 75-KHz maximum de- 
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Fig. 5 Typical response curves pro- 
duced by properly tuned FM receiver. 
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Fig. 6 Circuitry of a dummy antenna 
which can be used between the signal 
generator output and the signal injec- 
tion point of most auto FM receivers. 


viation. Also, the receiver can 
break out of quieting at both ex- 
tremes of the tuning slug adjust- 
ments while the quieted range can 
cover several complete turns. This 
explains the futility of aligning by 
ear. 

Work from the detector end of 
the chain towards the tuner. Ad- 
just first the secondaries then 
the primaries of each transformer. 
When you have completed the se- 
quence, start again and repeak for 


optimum results. This repeaking is 
required on many sets because the 
transformers have substantial inter- 
action. 


Tuner alignment 

The alignment of the tuner sec- 
tion of the FM set is similar to 
that used in sweep alignment. How- 
ever, many of the signal sources 
that were usable at 10.7 MHz are 
useless at 100 MHz. 

Some RF generators use _har- 


receivers. See text for detailed procedure. 


Fig. 8 A high-impedance DC voltmeter, connected to point Z in the demodulator 
circuitry shown here, serves as the indicator during non-swept alignment. 


monics to supply signals over 30 
or 40 MHz. Unfortunately, this 
leads to problems. A_ frequency 
error, for example, at 10.7 MHz 
might be acceptable. At the tenth 
harmonic, however, that error will 
be ten times as bad. Instability also 
will be ten times as bad. Therefore, 
a signal generator that had reason- 
able short-term stability at 10.7 
MHz will be unacceptable at 100 
MHz. 

As an alternative signal source, 
I use the 9-MHz crystal oscillator 
described earlier. Another alterna- 
tive is to use the second harmonic 
of a crystal controlled TV _ align- 
ment marker generator. The 2nd 
harmonic of the 44-MHz marker, 
for example, is 88 MHz. The har- 
monics of other markers provided 
other required frequencies further 
up the FM band. Again, as with 
the IF stages, continually adjust 
the attenuator in the generator to 
just ebove the receiver quieting 
level. 

The tuner of an FM receiver is 
especially sensitive to changes of 
stray inductance and capacitance. 
To combat this problem, be sure 
to use a rather long non-metallic 
alignment tool. Also, be sure not 
to move any leads, resistors, capac- 
itors, or coils inside the tuner. Al- 
though it might be a great tempta- 
tion to move a disc ceramic capaci- 
tor to get to a tuning adjustment, 
it can very easily upset prior ad- 
justments. Therefore, make sure all 
adjustments and test points are ac- 
cessible before beginning  align- 
ment. 

Proceed very slowly when ad- 
justing the tuned circuits in an FM 
set; you might miss the peak set- 
ting of the adjustment. 

It is worth noting, at this point, 
that most trimmers used in FM 
tuners pass through their entire 
capacitance range in just 180 de- 
grees of rotation, although they will 
rotate a full 380 degrees. This will 
produce a double peak that can be 
very confusing. 

Another standard FM alignment 
procedure is to leave all metal 
covers in place during alignment. 
It is quite possible for these covers, 
which admittedly are difficult to 
work through, to completely 
change the tuning of the front end. 
Quadrature techniques 

The methods detailed previously 
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have been predicated on the as- 
sumption that the set uses either a 
discriminator or ratio detector. 
For most sets, these techniques will 
easily help a technician through an 
alignment job. Some recent sets, 
however, do not use either of 
these types of detector. They are 
using what is known as the quad- 
rature detector. 

In most sets employing quadra- 
ture detection, the demodulation, 
limiting and final IF amplifier 
functions are combined inside one 
integrated-circuit chip. This chip 
can be either a 14-lead dual in-line 
IC pack or a multi-lead version of 
the old TO-S transistor case. In 
any event, quadrature detectors re- 
quire an entirely different align- 
ment problem. 

The circuit in Fig. 9 is the quad- 
rature detector circuit used in the 
1970 Delco AM/FM Stereo radio 
model 02GFP1 (installed in Pontiac 
Grand Prixs). The alignment pro- 
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cedure for this radio is different 
than that for conventional detec- 
tors. One apparent difference is the 
necessity for using an RF demodu- 
lator probe as a peak indicator. 
Delco recommends the RCA WG- 
301 demodulator probe be con- 
nected to a high-impedance 
VTVM. 

A 10.7-MHz unmodulated signal 
is injected into the set at the base 
of the mixer transistor. On the Delco 
set, it is necessary to use a dummy 
antenna consisting of a .0047-mfd. 
capacitor in series with a 270-ohm 
resistor. 

The RF probe is connected to 
point M in Fig. 9. Adjust the trans- 
formers between the first two stages 
for maximum amplitude. 

First, to adjust the phase trans- 
former in the quadrature detector, 
remove the RF probe from the 
VTVM. Switch the meter to “AC 
Volts”, then connect it directly 
across the speaker terminals. The 
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10.7-MHz signal is injected directly 
into the antenna circuit of the re- 
ceiver. Reduce the output of the 
generator until background noise be- 
gins to overcome quieting. As the 
phase transformer is adjusted 
through its entire range, you will 
notice there are two peaks in 
the background noise. The proper 
adjustment point is the null between 
those two peaks. It will be very close 
to midway between the peaks. 
Although the author prefers to 
use a genuine FM sweep generator 


_ for FM alignment, non-swept meth- 


ods do have their proper use. After 
replacing a transistor or FM tuning 
component, for example, it is gen- 
erally only necessary to peak the af- 
fected components using the above 
techniques. About the only place we 
use non-swept techniques for a com- 
plete alignment is when it is on a 
low-cost, low-quality set whose per- 
formance will not be compromised 
by such an alignment. A 
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Fig. 9 Quadrature detector circuits, such as this one, used in Delco AM/FM stereo radio Model 
O2GFP1, require an alignment procedure which is different than that used with receivers equipped 
with conventional detectors. See text for detailed procedure. 
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Chapter 7 


Stereo generator 
selection and application 


| - Facts you should consider when selecting a stereo gen-— 
erator, and, after you’ve made your choice, how to PIO 


 perly use it to align and troubleshoot FM stereo systems. 


It you’ve tried to align stereo FM 
circuits using “off-the-air” signals, 
you’ve probably decided it can’t be 
done. Circuits are entirely too crit- 
ical, and, unlike the early days of 
stereo FM, broadcast stations today 
seldom provide left-only or right- 
only signals which you can use as a 
“test signal”, For proper alignment 
of stereo FM receivers, a stereo FM 
signal generator is a must. 

Before you decide which of the 
many stereo generators will best 
serve your needs, there are a few 
things you should know about the 
types available. After you’ve de- 
cided on the make and model, there 
are a few more things you should 
know to make your investment pay 
off. Both the before- and after-pur- 
chase tips are the subjects of this 
discussion. 


Selecting One of Two Basic 
Types of Generators 

The earliest stereo FM genera- 
tors offered to service technicians 
and engineers usually provided a 
composite stereo signal only. The 
single signal available at the output 
of these generators included the 
right proportions of 19-KHz pilot 
carrier, a left-only or a right-only 
audio signal (internally supplied by 
means of an audio oscillator with 
one or more selectable frequencies), 
and, sometimes, a means for exter- 
nally modulating the composite sig- 
nal by means of a separate audio 
oscillator. 


Later, manufacturers combined 


the composite signal generator with 
built-in RF oscillators which could 
be FM-modulated by the composite 
signal. Usually, the RF oscillator 
section provided a non-attenuatable 
RF output signal of several thous- 
and microvolts, 

Such a high-amplitude RF signal 
is fine for making quick checks of 
the overall performance of a stereo 
FM tuner or receiver, but is not 
suitable for stereo sensitivity mea- 
surements or any “weak signal” 
alignment work such 4s would be 
necessary when working on quality, 
high-fidelity equipment. Also, the 
RF frequency of the all-in-one gen- 
erator usually is pre-set to about 
100 MHz, with a fine-tuning control 
which permits changing frequency 
only a few hundred KHz in either 
direction. Unless you are in a very 
poor FM reception area or have a 
shop equipped with an expensive 
“screen room’, the middle of the 
FM frequency band in your area 
probably is loaded with station sig- 
nals which would tend to interfere 
with your measurements, 

If you already own a decent FM 
generator capable of being extern- 
ally modulated by frequencies up to 
67 KHz, purchase a stereo genera- 
tor which provides only the stereo 
composite signal. If you don’t own 
an FM generator, choose a stereo 
FM generator which produces its 
own RF signal. 

If you have a good FM genera- 
tor, first determine how many volts 
(rms) it takes to externally modulate 
it to full 75 KHz deviation. Some 


generators require only one or. two 
volts of external audio for full ex- 
ternal modulation, while others re- 
quire as much as 10 volts rms. Make 
certain that the stereo generator you 
buy provides sufficient amplitude 
of composite stereo signal to fully 
modulate your FM generator. 

Another important point to con- 
sider is the separation capability of 
the generator. Some inexpensive 
stereo generators provide a makxi- 
mum separation capability of little 
more than the minimum 30 dB re- 
quired by the FCC for all stations 
transmitting stereo programming. 
Some of the better stereo tuners and 
receivers boast separation capabili- 
ties of 40, and even 45, dB—a claim 
you will never be able to veritfy 
with a generator that puts out a 
signal with inherent separation no 
better than 30 or 35 dB. 

Finally, you must decide how im- 
portant it is for you to be able 
to check separation at all frequen- 
cies (and even demonstrate stereo 
programming to your customers us- 
ing your stereo generator). While 
some generators have enough built- 
in audio frequencies to check sepa- 
ration at low, middle and high ends 
of the audio band, not all have ad- 
ditional provisions for external ap- 
plication of left and right program- 
ming of your choice. 


Checking Out the Generator 

Regardless of which type genera- 
tor you select, the first thing you 
should do is verify its rated perfor- 
mance. Using a stereo tuner or re- 
ceiver for this purpose is rather 
meaningless, unless you are abso- 
lutely certain of the specifications 
and state of alignment of the tuner 
or receiver. Instead, make a few 
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Fig. 1 Scope photo shows one complete cycle of composite Fig. 2 Composite stereo signal of Fig. 1, with 19-KHz pilot 
stereo signal, with left-only (or right-only) 400-Hz audio signal carrier omitted. 
applied. 


Fig. 3 Main-carrier contribution to composite signal of Figs. 1 Fig. 4 Subcarrier contribution to composite signal of Figs. 1 

or 2 consists of an audio sine wave at 400 Hz. and 2 consists of upper and lower sidebands; 38-KHz sub- 
carrier is suppressed. Actual frequencies present are 37.6 and 
38.4 KHz. 


Fig. 5 Insufficient subcarrier contribution to composite signal, Fig. 6 Too much subcarrier contribution, compared to main 
because of either scope roll-off or incorrect generator adjust’ channel signal, results in distorted composite signal shown 
ment, results in distorted waveform shown here. here. 
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simple oscilloscope measurements. 

Fig. 1 is a photo of a composite 
left-only stereo signal scoped at the 
output of a stereo generator. The 
audio frequency is 400 Hz, and rid- 
ing above it is the ever-present 19- 
KHz pilot carrier signal. Fig. 2 
shows the same display, with the 19- 
KHz pilot carrier turned off. When 
setting the level of 19-KHz signal, 
remember that it should be about 
8 to 10 percent of the amplitude of 
the total composite signal, with full 
modulation. 

The composite waveform in Fig. 
2 can be thought of as consisting of 
a main channel sinusoidal wave, as 
shown in Fig. 3, plus an AM-modu- 
lated 38-KHz carrier, with the car- 


rier itself suppressed and only the 
upper and lower modulation side- 
bands remaining, as shown in Fig. 
4, When these two components are 
added together, the result is the 
waveform in Fig. 2, in which the 
sidebands contain frequencies above 
and below the 38-KHz suppressed 
subcarrier, depending upon the 
modulating audio frequency. For ex- 
ample, if a 15-KHz tone is to be 
transmitted (the upper limit of FM 
fidelity), the sidebands generated 
will be 38 KHz £15 KHz, or 23 
KHz and 53 KHz. 

The scope used to observe these 
and other waveforms associated with 
stereo FM must have perfectly flat 
response and phase shift character- 


RATIO-DETECTOR 


FM IF 
STAGES 


B+ 


TO STEREO 
DECODER 
CIRCUITS 


OF a 


Fig. 7 Partial schematic of typical ratio-detector circuit. R1 and C1, as well as stray 
capacitance, can cause roll-off of subcarrier sideband amplitude. 
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Fig. 8 Compensating network R1-C1 is often placed ahead of decoder circuit input 
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to boost high frequencies previously attenuated at ratio-detector output. 


istics to at least 53 KHz, if mean- 
ingful observations are to be made. 
If the scope used for viewing the 
modulated signal previously de- 
scribed rolls off above, say, 20 KHz, 
the sideband amplitudes will be too 
low compared to the audio sine- 
wave of the main channel, resulting 
in a waveform like that in Fig. 5. 
If such a waveform is seen on a 
scope that is known to have accept- 
able flat response, the trouble is in 
the generator itself, and corrective 
steps should be taken to restore a 
flat “baseline” to the composite sig- 
nal waveform. (Methods for align- 
ing your particular stereo generator 
usually will be detailed in the in- 
struction manual supplied with the 
equipment, since each type of gen- 
erator follows a different design 
scheme.) 

The converse defec ow fre- 
quency response attenuat _ with re- 
spect to high frequency m ponse— 
can cause an equally distored com- 
posite waveform, such as that shown 
in Fig. 6. In this case, the “main 
channel” contribution is too great 
in amplitude with respect to the 
sub-channel sidebands, and the 
stereo FM generator should be re- 
aligned properly. 


Using the Stereo Generator 

The reason we don’t recommend 
separate analysis of the decoder cir- 
cuitry of a tuner or receiver, but in- 
stead suggest overall RF application 
of the stereo signal, will be appar- 
ent from the partial schematic shown 
in Fig. 7. This diagram shows the 
output circuit of the ratio detector, 
where the composite signal normally 
is obtained and from where it is fed 
to the decoder circuitry. The com- 
bination of R1 and C1, at the output 
of the ratio detector transformer, 
plus any stray wiring capacitances 
in the surrounding circuitry, can 
cause some attenuation of the higher 
frequencies contained in the re- 
covered composite stereo signal, re- 
sulting in a detected composite sig- 
nal very similar to that shown in 
Fig. 5. Normally, a designer faced 
with this problem will compensate 
for this roll-off in response by in- 
cluding an equalizing, or high-fre- 
quency emphasizing, circuit right at 
the input of the decoder, as shown 
in Fig. 8 (in which the compensat- 
ing components are R1 and C2). 
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Other frequency and phase correc- 
tive networks also might be placed 
further on in the decoder circuitry. 
If a generator that produces a per- 
fect composite stereo signal was con- 
nected at the input of the decoder 
circuit, the resulting separation mea- 
sured at the left and right output 
terminals of the decoder would be 
far from perfect, because the de- 
coder was actually designed to com- 
pensate for an imperfect composite 
signal, such as it normally receives 
from the “imperfect” IF and detec- 
tor circuit preceding it. For this 
reason, it is much better to use the 
composite signal of your generator 
as a modulating signal for your FM 
generator, and then feed the modu- 
lated RF signal to the antenna ter- 
minals of the tuner or receiver un- 
der test. A complete test set-up is 
shown in Fig. 9. 


Setting Up Proper Stereo 
Signal Modulation 

We have already discussed the 
technique of setting the 19-KHz 
pilot carrier to the proper level with 
respect to audio level of the compos- 
ite signal. At this poiut you might 
think that it now only is necessary 
to hook up the composite signal to 
the external modulation terminals 
of the FM generator and “crank up” 
the total composite amplitude until 
the modulation meter reads 75. This 
is not so. 

Because of the complex nature 
of the composite signal, a conven- 
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tional AC meter will not read the 
usual rms value (or 0.707 of one- 
half the p-p amplitude), but instead 
will read a much lower value. Thus, 
if you were to increase total signal 
amplitude until the modulation 
meter reads 75 KHz you would 
really be overmodulating the RF 
generator by a wide margin. The 
correct way to establish proper am- 
plitudes of modulation using an ex- 
ternal stereo composite signal in- 
volves the following step-by-step 
procedure: 

1. Apply only 19-KHz signal, in- 
creasing the level until the RF gen- 
erator’s modulation meter indicates 
approximately 7 KHz. 

2. Turn off the 19-KHz signal 
and apply an L-R (mono) audio sig- 
nal, increasing its level until 68 KHz 
of modulation is indicated. 

3. Turn on 19-KHz signal again 
and switch stereo generator mode 
to “L only” or “R only”, without 
changing any audio levels. 

4. In all probability, the modu- 
lation meter will now read about 
45 or 50 KHz, but don’t be con- 
cerned—you’re actually applying 
full modulation of the composite 
stereo signal. 


Step-by-Step Performance 
Analysis 
Once you’ve established correct 
modulation of the FM generator 
with the stereo generator, the FM 
generator is connected to the an- 
tenna terminals of the tuner or re- 
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ceiver under test, and all subsequent 
tests and observations therefore will 
take into account the entire tuner, 
including all the complex relation- 
ships between regular tuner perfor- 
mance and stereo performance, and 
not just stereo decoder circuitry. For 
example, many modern stereo tun- 
ers are equipped with a threshold 
adjustment, which determines when 
the tuner will switch from “mono” 
to stereo reception, based upon sig- 
nal strength, quieting or other fac- 
tors. You can easily check this point 
by reducing the output of the FM 
generator (do not touch the stereo 
generator controls) until the stereo 
light goes out, or until you hear an 
audible indication that stereo sepa- 
ration has been eliminated. If too 
much (or little) output is required 
to “trigger” the switching action, it 
might be a fault of the threshold 
adjustment (if one is provided in 
the decoder circuitry) or it might be 
caused by poor sensitivity of the 
tuner circuitry ahead of the decoder. 
Further investigation will be needed 
to determine which is the case, us- 
ing signal levels and conditions rec- 
ommended by the manufacturer of 
the product. If you had tried to test 
the switching action by applying a 
composite stereo signal directly to 
the decoder, the poorly aligned or 
insensitive condition of the front 
end would not have been discovered. 

It is a good idea to look at the 
detected composite waveform at the 
output of the FM detector in the 
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Fig. 9 Block diagram shows test setup recommended for checking and aligning the 
stereo portion of a stereo FM tuner or receiver. 
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main section of the tuner. It prob- 
ably will resemble Fig. 5 instead 
of Fig. 6, for reasons already men- 
tioned. After compensation (usually 
at the output of the first amplifying 
or isolating stage of the typical de- 
coder), the composite signal prob- 
ably will look more like Fig. 6 be- 
cause oOver-compensation often is 
applied to compensate for subse- 
quent attenuation of high frequen- 
cies in the final stereo demodulator 
circuitry that follows. 

Other points along the circuit you 
should observe and adjust are the 
output of the 19-KHz amplifier 
(peaked to maximum, using a scope 
or, depending upon the circuitry, 
the stereo indicator light itself), the 
38-KHz doubler tuned circuit (also 
peaked for maximum indication) 
and the 38-KHz demodulation 
transformer or autotransformer 
(peaked for maximum or for best 
separation). 


SCA Interference 

Most stereo decoder circuits are 
equipped with one or more filters 
to eliminate cross-talk from any 
background-music (SCA) program- 
ming, which is transmitted with the 
public stereo broadcast, but on a 
separate subcarrier, usually 67 KHz. 
The traps included in most stereo 
decoder circuitry are designed to fil- 
ter out this interfering signal. 

While many stereo generators are 
equipped to produce a 67-KHz sig- 
nal, others require the separate in- 
troduction of this additional signal 
by means of an audio oscillator con- 
nected externally. If such is the case 
with your generator, the 67-KHz 
signal applied to it should be just 
enough to cause a main-carrier mod- 
ulation of 10 percent (7.5 KHz), 
with all stereo signals temporarily 
removed, After this level has been 
established, the 19-KHz pilot car- 
rier should be added, and the wave- 
form present at the output of any 
SCA filters in the tuner or receiver 
should be observed on a scope. Ad- 
just all SCA traps for minimum 67 
KHz signal, making sure you do not 
mistake the 19-KHz signal for 67- 
KHz, since both frequencies will be 
present. Ordinarily, if the residual 
67-KHz signal is 34 or 40 dB lower 
than the peak composite stereo sig- 
nal, it will not be too offensive to 
the listener. 


(Contrary to our earlier state- 
ment, the SCA is one adjustment 
that is more effectively made from 
“off-the-air” programs than with 
test equipment, because the actual 
SCA subcarrier is FM modulated by 
the secondary background music 
program, so that the frequency of 
the subcarrier is actually moving 
back and forth at an audio rate 
from about 63 KHz to about 71 
KHz. The modulation of the sub- 
carrier is what causes the “swoosh- 
ing” sound which we have come .to 
identify as SCA interference—not 
the mere presence of a subcarrier 
itself. It therefore is good practice 
to give the SCA traps a final touch- 
up while listening to a stereo station 
that also transmits a background 
music program.) 


Final Separation Measurements 
and Adjustments 

After adjusting all the tuned cir- 
cuits in a stereo decoder, you might 
find that there also is a small trim- 
ming potentiometer which further 
optimizes separation. This “pot” 
should be adjusted while observing 
the “R” output of the decoder cir- 
cuit with an L-only signal at some 
mid-frequency (around 1 KHz) ap- 
plied to the system: Then reverse 
the procedure, observing “L” out- 
put while an R-only signal is ap- 
plied. If measured separation is not 
the same for both channels, it is 
better to “compromise” the adjust- 
ments so that separation is bal- 
anced. For example, it is better to 
have 30 dB separation at both out- 
puts‘than to have 40 dB from “L” 
with only 20 dB from “R”. 

Separation is measured by first 
applying an “L” signal and reading 
“L” output as a reference, then 
switching to an applied “R” signal 


Fig. 10 Scope photo 
shows effect of phase 
error on composite sig- 
nal, which often occurs 
at higher audio modula- 
ting frequencies. 19-KHz 
signal component has 
been omitted for 

clarity. 


and recording the number of dB be- 
low the first reading that is now ob- 
tained. You can repeat separation 
measurements at all audio frequen- 
cies, from 50 Hz to 15,000 Hz, but 
don’t be surprised if the separation 
readings obtained at the frequency 
extremes are much poorer than 
those obtained at mid-band. This is 
particularly true at the higher fre- 
quencies where, in addition to am- 
plitude discrepancies between the 
main-channel and sub-channel com- 
ponents, there also might be phase 
discrepancies. 

An example of phase error be- 
tween main and sub-channel com- 
ponents of the stereo composite sig- 
nal is shown in Fig. 10. Such a 
waveform also will cause poor sepa- 
ration. In fact, the FCC, in speci- 
fying tolerances for stereo FM 
broadcasting, insists that the phase 
error between main- and sub-chan- 
nel components not exceed 2 de- 
grees for any audio frequency from 
50 Hz to 15,000 Hz. Maintaining 
such limits, as well as an amplitude 
discrepancy no greater than 3.5 per- 
cent, assures separation of at least 
30 dB at all frequencies used. 


Summary 

The right stereo generator, used 
in conjunction with a good FM sig- 
nal generator, can reduce stereo 
multiplex servicing to a few simple 
waveform observations and adjust- 
ments. 

Troubles in stereo FM receivers 
often are the result of faults in the 
tuner section rather than in the 
stereo decoder circuitry. The ability 
to analyze tuner performance along 
with stereo performance as they 
relate to each other is essential for 
effective servicing of modern stereo 
high-fidelity systems, A 
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Chapter 8 


Cartridge and turntable 
measurements and tests 


Cartridge and turntable measure- 
ment tests are required to obtain 
and verify performance within ac- 
cepted high-fidelity limits. These 
tests are listed below. 


Cartridge Tests 


1. Measurement of needle pressure 

2. Checking of cartridge output 
voltage 

3. Hum Tests 

4. Test of frequency response 

5. Measurement of tracking distor- 
tion 

6. Verification of stylus angle 

. Observation of stylus tip 

. Verification of tracking angle 


Turntable Tests 


1. Measurement of turntable speed 

2. Check for wow 

3. Check for flutter 

4. Level test 

5. Tests for wobble and/or eccen- 
tricity 

6. Approximate measurement of 
rumble. 


Measurement of 
Needle Pressure 


Fig. 1 shows a typical needle- 
pressure gauge. Other types may be 
used, but all indicate the pressure in 
grams. 

Normal needle pressures are dif- 
ferent for various types of record- 
ings. A typical hi-fi, super light- 
weight, pickup employs 1, 2.5 or 
3 mil radius sapphire tips. (One mil 
equals 0.001 inch.) A 25-ohm pick- 
up of this type uses a nominal 
needle pressure of 9 grams, +1 
gram. On the other hand, a 400- 
ohm pickup operates with a nomi- 
nal needle pressure of 5 grams, 
+1 gram. For precise evaluations, 
stylus pressure must be checked 


38 


within specified tolerance limits 
against tracking distortion. This 
measurement is discussed later in 
this article. 

The needle-pressure gauge should 
be placed so that the indication is 
obtained at the normal playing level 
of the pickup. This level varies in 
most changers; therefore, measure- 
ment is made at the average play- 
ing level. Although the pressure us- 
ually varies as the pickup is raised, 
and decreases as the pickup is low- 
ered, this variation should not ex- 
ceed 25%. If a greater variation is 
measured, look for a defect in the 
arm assembly. Obscure defects must 
be corrected by replacement of the 
arm assembly. 


Checking of Cartridge 
Output Voltage 

Cartridge output voltage is 
checked with an AC VTVM or with 
a calibrated oscilloscope. The ad- 
vantage of a scope is that hum volt- 
age can be distinguished from the 
normal cartridge output. Only the 
VTVM method will be discussed in 
this section. 

The test setup for checking cart- 
ridge output voltage is shown in 
Fig. 2. It is desirable to employ a 
test record that provides a constant 
level at a standard test frequency, 
such as 1 KHz or 400 Hz. 

A typical hi-fi super lightweight 
pickup that works into a 25-ohm 
load (R in Fig. 2) normally provides 
about 10 mv rms. If the output is 
weak, it is advisable to check the 
stylus tip, as explained later. If the 
tip is in good condition, but output 
is weak, the cartridge should be re- 
placed. 

The 25-ohm pickup described 
previously is often used with a 1-to- 
5 ratio transformer. Normal loading 
of the transformer results in a sec- 
ondary output voltage of approxi- 
mately 300 mv rms. On the other 
hand, a 400-ohm pickup normally 


is used with a 1-to-6 ratio transfor- 
mer. In this case, about 40 mv rms 
output will be measured across the 
secondary. Note that the secondary 
must be connected to the correct 
value of load impedance to obtain 
a meaningful voltage measurement. 

With reference to Fig. 3, Np de- 
notes the number of primary turns, 
and Ns denotes the number of sec- 
ondary turns. The winding ratio is 
equal to Np/Ns. 

The voltage ratio of the transfor- 
mer is the same as the turns ratio 
(except for losses due to leakage 
flux under normal load). The cur- 
rent ratio of the transformer is the 
inverse of the turns ratio (except 
for losses). The impedance ratio is 
equal to the square of the turns ra- 
tio. This means that if the cartridge 
has an impedance of 400 ohms, and 
the transformer winding ratio is 1- 
to-6, the impedance ratio is 1-to- 
36, and the secondary impedance is 
14,400 ohms. Thus, the nominal 
secondary load resistor has a value 
of 14,400 ohms. Note, however, 
that a somewhat different value of 
secondary load impedance might be 
chosen to compensate for incidental 
transformer characteristics such as 
distributed capacitance. This topic 
is explained in ‘greater detail in this 
article under “Test of Frequency 
Response.” 

The normal output voltages of 
common types of cartridges may be 
summarized as follows: A variable- 
reluctance cartridge will provide 
from 10 to 30 mv rms; a ce- 
ramic cartridge, 500 to 1200 mv 
rms; and crystal cartridges, 0.5 to 5 
volts rms. These values assume that 
the cartridge works into its specified 
load. 

The load is an impedance which 
consists of both the load resistance, 
cable capacitance, and any leakage 
reactance of the transformer pri- 
mary. The variable-reluctance pick- 
up works into a load impedance of 


5,000 to 50,000 ohms, with a sty- 
lus pressure of 16 grams or slightly 
more. The ceramic pickup works 
into a load impedance of approxi- 
mately 1 megohm, with a stylus 
force of about 22 grams. The crys- 
tal pickup works into a load im- 
pedance as high as 5 megohms, with 
a stylus force of less than 70 grams. 


Hum Tests 
Pickups that employ iron and 


coil construction are more likely to 
be affected by stray hum fields than 
crystal pickups. Of course, a poorly 
shielded lead from a high-imped- 
ance pickup is susceptible to stray 
electrostatic hum fields. Pickups 
with iron and coil construction are 
generally used with solid-steel turn- 
tables, because magnetic shielding 
is thereby provided against stray 
hum fields from the motor and 
power supply. 


Fig. 1 A typical needle-pressure gauge used for measuring the pressure exerted at 


the tip of the needle. 
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Fig. 2 Test setup for checking cartridge output voltage. 
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To check for hum, use the test 
setup shown in Fig. 2, with the 
pickup held slightly above the rec- 
ord surface. Any reading on the 
meter is probably the product of 
hum pickup. 

A better test for hum is made by 
using a scope in place of the VTVM 
in Fig. 2. Hum voltage is then seen 
as a 60-Hz (or 120-Hz) waveform, 
and can be definitely identified. 
Note that 120-Hz hum is most likely 
to stem from stray fields of a filter 
inductor. When playing a test rec- 
ord that has a 1-KHz tone, hum 
shows up with the tone signal super- 
imposed on the low-frequency wave- 
form, as shown in Fig. 4. The hum 
level can be minimized in any case 
by correction of shielding defects to 
prevent stray fields from gaining 
access to the pickup. 


Test of Frequency Response 

Frequency response is checked 
with a test record and an audio 
VTVM, using the setup shown in 
Fig. 2. Various types of test records 
are available. A gliding-tone test rec- 
ord can be compared to an audio 
sweep generator. One standard test 
record starts at 14 KHz and ends at 
10 Hz. Another starts at 10 KHz 
and ends at 50 Hz. A banded-tone 
test record provides only a 1-KHz 
tone in steps with increasing output 
levels. This type of record is suit- 
able for harmonic-distortion tests, 
but not for frequency-response 
checks. Some test records provide 
both banded-tone and _ gliding-tone 
outputs. For example, a banded- 
tone sequence may be followed by 
alternate gliding and constant audio 
frequencies from 3 KHz to 30 Hz. 
Two-tone test records are used only 
for IM distortion measurements. 

The frequency response of a good 
ceramic or crystal cartridge should 
be reasonably uniform from 50 Hz 
to approximately 15 KHz. Variable- 
relutance cartridges should have rea- 
sonably flat frequency response to 
approximately 20 KHz. Some types 
of high-output cartridges have an 
upper frequency limit of 8 KHz. 
Although one or more peaks in fre- 
quency response will often be found, 
the peak amplitude(s) should be less 
than 2 dB. An audio VTVM with 
a dB scale is particularly useful for 
these tests. 

Load-impedance values can have 
considerable effect on the frequency 
response of a ceramic or crystal 
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cartridge. Poor frequency response 
can sometimes be improved by a 
change in load resistance and/or 
capacitance. Equalizer circuits for 
standard recordings are shown in 
Fig. 5. If the high-frequency re- 
sponse of a pickup drops off gradu- 
ally, this characteristic will often 
be acceptable, inasmuch as the pre- 
emphasis employed in most record- 
ings must be equalized in the hi-fi 
system. 


Measurement of 
Tracking Distortion 


An ideal tone arm and pickup 
would track a record (see Fig. 6A) 
so that the stylus would always 
move perpendicularly to the tangent 
at the record groove. In practice, 
this can occur only at one groove in 
the record because the pickup 
moves on a curve from the outer to 
the inner grooves, as shown in Fig. 
6A. A reasonably good test of the 
tracking angle is to place the stylus 
at the outer grooves, then at an in- 
termediate groove, and finally at an 
inner groove, and to observe 
whether the edge of the cartridge 
is reasonably tangent to the grooves. 

A tracking error of 3° or 4° is 
normally expected at the outer and 
inner grooves. Large tracking er- 
rors are plainly visible, but small 
errors must be detected by careful 
measurement. Excessive errors in 
the tracking angle produce second- 
harmonic distortion, as shown in 
Fig. 6B. Harmonic distortion is 
measured with the test setup shown 
in Fig. 7. In such tests, it is as- 
sumed the preamplifier has been 
checked previously for distortion, 
using a quality audio oscillator. 

Note that the percentage of har- 
monic distortion measured in Fig. 
6B is not entirely accounted for by 
tracking error and possible preamp- 
lifier distortion. That is, the pickup 
might have inherent harmonic dis- 
tortion. At this point in the pro- 
cedure, we are concerned with min- 
imizing the harmonic distortion due 
to tracking error. Since this is a 
function of stylus pressure, it is ad- 
visable to try the effect of increas- 
ing the stylus pressure within reason- 
able limits. Some pickups are rated 
for minimum stylus force to provide 
optimum tracking. If a recording 
or turntable is warped, or slightly 
eccentric, a 50% increase in stylus 
force may be required to obtain 
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Fig. 4 Hum voltage superimposed on low-frequency waveform. 
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(A) High-impedance equalizer 


Fig. 5 Equalizer circuits can be used to improve frequency response. 
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(A) Ideal and actual paths traveled by tone arm. 


(B) Second-harmonic distortion resulting 
- from error in tracking angle. 


Fig 6 Illustrations showing tracking characteristics and harmonic distortion resulting 
from improper tracking. 
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Fig. 7 Test setup for measuring harmonic distortion. 
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Fig. 8 Test setup for measuring intermodulation distortion using two-tone test record. 


Fig. 10 Fifty-power microscope for visually inspecting condition of stylus. 
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good tracking. 

After checking for harmonic dis- 
tortion, it is good practice to make 
an intermodulation distortion test, 
as depicted in Fig. 8. The two-tone 
test record must provide suitable 
frequencies. Assuming that the pre- 
amplifier has been checked previ- 
ously and found to have acceptably 
low IM distortion, an objectionably 
high meter reading is due to non- 
linearity in the pickup. A banded- 
tone 1-KHz test record with pro- 
gressive output levels may show that 
IM distortion is negligible except at 
high output level. In any case, a 
defective pickup must be replaced. 


Verification of Stylus Angle 


Even if the needle pressure is 
optimum, distortion will occur if 
the stylus angle is incorrect. There- 
fore, it is good practice to check 
the stylus angle against the manu- 
facturer’s specifications, if available. 
Angles can be conveniently mea- 
sured with a protractor, such as de- 
picted in Fig. 9. If the stylus angle 
is out of tolerance because of me- 
chanical distortion, it is generally 
impractical to correct the trouble— 
replacement should be made at the 
outset. 


Observation of Stylus Tip 

Unless a new stylus is used in 
making performance measurements, 
it is a good practice to inspect the 
stylus for wear with a 50-power sty- 
lus inspection microscope, as shown 
in Fig. 10. If the stylus shows signs 
of wear, it should be replaced be- 
fore playing a test record. By the 
same token, a test record should be 
checked periodically for harmonic 
and IM distortion, using a good 
stylus. When the test record begins 
to show appreciable distortion, it 
should be discarded. 


Measurement of 

Turntable Speed 
A turntable must rotate at con- 
stant speed, even during lightly and 
heavily recorded passages. Turnta- 
ble speed is conveniently measured 
with a stroboscopic disc illustrated 
in Fig. 11. The strobe disc is viewed 
under a neon or fluorescent light 
powered from a 60-Hz source. One 
of the barred circles will appear to 
stand still, or to rotate slowly clock- 
wise or counterclockwise. Motion- 
less bars indicate the calibrated 
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Fig. 11 Stroboscopic disc for measuring 
turntable speed. 


Fig. 14 Test setup for measuring rumble. 


speed of the particular barred cir- 
cle. Clockwise rotation indicates 
that the actual speed is slower. 

In some cases, the barred circle 
will appear to stand still momentar- 
ily, rotate for a while, and then to 
stand still again. This trouble is 
sometimes caused by oil or other 
foreign substances on the drive 
wheel. These parts can be cleaned 
with alcohol. 

The same trouble symptom can 
be caused by defective turntable or 
motor bearings. Also, there may be 
unsuspected mechanical interfer- 
ence, such as the turntable rubbing 
against some surface or object. 


Wow 

If a turntable does not rotate at 
constant speed, the condition is 
technically termed wow. It is basic- 
ally a mechanical form of frequency 
modulation. Economy-type turnta- 
bles may be unsatisfactory for hi-fi 
reproduction because of marginal 
motor power and lack of sufficient 
flywheel effect. A strobe disc test 
under playing conditions will dis- 
close wow which, in this case, can- 
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Fig. 12 Illustration of twisting force 
called torque. 


FILTER 


not be eliminated. 

Motor and turntable units are 
often specified by manufacturers for 
motor type, power consumption, 
and the torque required to brake 
the turntable from a given speed to 
a lower speed (such as from 78 
rpm to 77 rpm). Torque denotes a 
twisting force, as depicted in Fig. 
12. The magnitude of torque is ex- 
pressed as the product of force and 
distance (F and r in Fig. 12.) Brak- 
ing torque for a turntable is stated 
in ounce-inch units. 

Of course, wow will become evi- 
dent if the motor is operated at sub- 
normal line voltage. Noticeable wow 
will be observed on heavily recorded 
passages. Another obvious cause of 
wow is a warped record; the toler- 
able limit of warp is about 1/16 
inch. Special instruments are avail- 
able to measure wow, and indicate 
the percentage in rms deviation of 
a tone frequency with respect to its 
average frequency. However, a 
strobe disc serves the same purpose 
for routine shop tests. The only re- 
quirement in strobe-disc application 
is that the changes in apparent speed 


Fig. 13 Device for leveling a turntable. 


F, = CUTOFF FREQUENCY 


Fig. 15 A single-section, low-pass Pi 
filter used in rumble test. 


of bar rotation be observed care- 
fully. When wow is slight, it might 
be overlooked in an off-hand test. 


Flutter 

Flutter is related to wow, but has 
a comparatively higher deviation 
rate. The human ear is more sensi- 
tive to flutter than to wow. Flutter 
is usually caused by small defects in 
the motor or the mechanical drive 
system. It tends to occur in units 
that have been in extended service, 
with little or no attention to lubri- 
cation. The resulting wear causes 
poor mechanical fit, which must be 
corrected by replacement of the 
faulty parts. Although flutter meters 
are available, a strobe disc serves 
adequately for routine shop tests. 
Both wow and flutter meters are 
comparatively expensive instru- 
ments, and their cost can be justi- 
fied only by the larger shops or labs. 

Understandably, a turntable must 
be level to provide optimum perfor- 
mance. A typical turntable level is 
illusttated in Fig. 13. The turntable 
must also be free from wobble, and 
should maintain its level against 


moderate vertical pressure near the 
edges. If a wow and/or flutter meter 
is available, note that a meter read- 
ing of less than 1% is considered 
acceptable. A good hi-fi turntable 
may show as little as 0.1% wow or 
flutter, even on heavily recorded 
passages. 


Rumble 

Both wow and flutter are distin- 
guished from rumble. Rumble con- 
sists of a series of random pulses 
(not a cyclic low-frequency inter- 
ference). It is caused by vibrations 
within the player, and is often de- 
cribed as noise “like furniture mov- 
ing around upstairs.” A scope test 
quickly shows whether interference 
has a rumble waveform—the pat- 
tern is random and does not have 
a steady cyclic form in the case of 
rumble. Although rumble can be re- 
duced or eliminated by means of an 
amplifier rumble filter which cuts 
off sharply below 50 Hz, it is obvi- 
ously desirable to correct the cause 
of the rumble if it is practical to do 
so. 

When rumble is a problem, check 
the motor for vibration. Any me- 
chanical defect that causes vibra- 
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tions to be transmitted to the turn- 
table can cause rumble. Note that 
rumble can be measured, using the 
test setup shown in Fig. 14. The 
low-pass filter has a cutoff fre- 
quency of approximately 300 Hz. 
The test procedure is as follows: 

First, the low-pass filter is re- 
moved from the circuit, and the out- 
put is measured using a 1-KHz test 
record. The preamplifier controls 
are adjusted for maximum-rated 
output and flat frequency response. 
Then, the low-pass filter is con- 
nected into the test circuit, and the 
VTVM sensitivity is advanced to 
obtain a convenient reading. Finally, 
lift the pickup from the test record 
and note any change in VITVM 
reading. The amount of rumble is 
expressed as the number of dB be- 
low maximum rated output from the 
preamplifier. 

Let us briefly consider the com- 
ponent values used in a low-pass fil- 
ter. With reference to Fig. 15, 
choose a cutoff frequency, fc, and 
a terminating resistance, R. Then 
find the required values of L and C 
as indicated. For example, if fe= 
300 Hz, and R=75 ohms, then L= 
80 mh and C=0.071 mfd. One-half 


of C, or 0.035 mfd is connected at 
each end of L to form the filter. A 
sharper cutoff characteristic can be 
obtained by connecting several fil- 
ter sections in series. (Note that the 
inductors of the multi-section filter 
must not couple into one another.) 


Conclusion 

Although other types of tests are 
made in audio laboratories, these 
are generally out of the question for 
the service shop because of the 
costly test equipment that is re- 
quired. For example, measurement 
of the static compliance of a sty- 
lus requires a calibrated shadow- 
graph and a sensitive balance. How- 
ever, the simpler tests that have 
been explained in this series of ar- 
ticles permit almost any service 
problem to be solved with a min- 
imum of time and effort. Apprentice 
technicians are often awed by ordi- 
nary harmonic and intermodulation 
distortion meters, and occasionally 
by a scope. However, practice 
makes perfect, and the modern shop 
cannot hope to remain competitive 
unless modern test equipment is 
utilized. 


Stereo FM auto radio servicing 


Major Systems in 
Stereo FM Radios 
Because most stereo FM receivers 
are relatively complex pieces of 
equipment, it is best to divide them 
into their component systems before 
outlining related troubleshooting 
procedures. In this chapter,we will 
divide a typical system into the fol- 
lowing categories: tuner (or front 
end), IF amplifier, detector, multi- 
plex decoder and the stereo audio 
amplifiers. 


Tuner 

The tuner is the section which 
amplifies the various FM broadcast 
signals fed to it from the antenna, 


and then converts them to a lower, 
or intermittent frequency, (IF) 
usually 10.7 MHz in domestic FM 
sets. After conversion, the signal is 
then fed to the IF amplifier chain. 

The so-called standard FM tuner 
consists of three transistors: an RF 
lator, as shown in Fig. 1. This par- 
lator, as shown in Fig. 1. This par- 
ticular tuner is used in the 1970 
Ford Galaxy FM stereo car radio 
(Model OFBF), manufactured by 
Bendix. 

The’ design of the RF amplifier 
in Fig. 1 follows the practice of 
using the common-base configura- 


tion for VHF amplifiers. Besides 
producing higher gain at these fre- 


quencies than some other configura- 
tions, it also requires little or no 
neutralization. If a common-emitter 
stage were used, neutralization 
would probably be necessary, to 
prevent the stage from oscillating. 

The local oscillator circuit in Fig. 
1 is a relatively standard circuit 
which uses a varactor for AFC 
correction. 

The circuit in Fig, 2 is a newer 
version of the FM RF amplifier. 
This type of circuit, employed in 
both hi-fi FM tuners and at least 
one AM/FM car radio, uses an 


IGFET (insulated-gate, field-effect 
transistor). The IGFET’s extremely 
high input impedance and it’s cross- 
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modulation characteristics have 
made it attractive to FM-tuner de- 
signers during the past several years. 
Mass production and technological 
advances have lowered IGFET 
prices so that they can be used even 
in some relatively inexpensive FM 
sets. 


The IGFET is extremely sensi- 
tive and must be handled properly 
to prevent tool and body static 
charges shorting out the gate insula- 
tion. Most replacement IGFET’s 
come packaged with either a metal 
shorting ring binding the wire leads 
or a piece of lead foil sheathing 
them. 


IF amplifier 

The IF amplifier strip is a tuned- 
RF type of amplifier. It differs from 
the RF amplifier in the tuner in 
that it is tuned to only one fre- 
quency. Except in a few sets im- 
ported from Europe, this frequency 
is 10.7 MHz. 

There are, generally speaking, 
only two basic types of IF ampli- 
fiers used in modern Stereo FM 
equipment. The first, and older of 
the two, is shown in Fig. 3. It is a 
standard bipolar transistor circuit. 
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In actual practice, three or four 
such stages make up the IF ampli- 
fier section, 

The circuit in Fig. 4 is a version 
of the more modern type of FM IF 
amplifier, which uses integrated cir- 
cuits (IC’s). This particular circuit 
uses the RCA CA3012 IC. Several 
variations of this circuit have been 
used in a number of popular-brand 
FM stereo tuners and_ receivers 
(Further information about this and 
other types of IC circuits is available 
in a book titled “Linear Integrated 
Circuits”, which is available from 
RCA distributors.) 


The detector 


The FM detector stage is one of 
those areas in which a good memory 
is a real asset. How many tech- 
nicians can, for example, remember 
the fine points of difference that 
exist between the Ratio Detector 
and the Discriminator? 

Another type of detector, the 
integrated-circuit quadrature type, is 
used now in hi-fi and in at least 
one brand of auto radio. TV men 
should be familiar with this system. 
Hi-fi and auto radio technicians, on 
the other hand, might have only 
recently encountered these circuit 


FM MIXER: 


designs. Certain Delco stereo FM 
car radios have used this type of 
detector for the past three years. 
The three basic types of detectors 
are shown in Figs. 5A, 5B and 
5C. Several semiconductor manu- 
facturers presently offer one or more 
IC’s that include the limiter, two 
or more diodes for the detector, 
and, sometimes, even the last FM 
IF amplifier transistor. So don’t 
assume that an IC in the last stage 
means that a quadrature detector is 
being used. The quadrature can be 
recognized by the presence of a 
phasing coil, Other types of IC FM 
detectors use a regular detector 
transformer or have no tuned circuit 
at all except in the input network. 


Multiplex circuitry 

The multiplex section processes 
the audio recovered by the FM de- 
tector (which contains both L+R 
and L-R signals), producing right 
and left separation. 

Although a complete discussion 
of multiplex systems, processes, and 
circuits is beyond the scope of this 
article, I will briefly review the 
process. 

The encoded L-R signal is a 
double-sideband, suppressed-carrier 
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Fig. 1 FM tuner section used in Ford Model OFBF radio. Common-base configuration of FM RF amplifier stage re- 
quires little or no neutralization to prevent oscillation. Varacter provides AFC action. 
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(DSB) form of modulation. (DSB is 
a variation of AM.) The frequency 
of the associated carrier (called a 
“sub-carrier”, to distinguish it from 
the FM main carrier) is 38 KHz. 
Because this subcarrier is sup- 
pressed at the transmitting station, 
the receiver must generate and rein- 
sert a subcarrier. Fortunately, there 
also is a 19-KHz pilot signal trans- 
mitted along with the L+R and 
L-R signals. By one of several 
methods, this 19-KHz pilot signal 
is used to generate a 38-KHz sub- 
carrier which, in turn, is used to 
decode the two stereo channels. 
The whole stereo process is ex- 
plained in several ELECTRONIC 
SERVICING articles and in a 
Howard W. Sams book titled “FM 
Multiplexing For Stereo” (Catalog 
No. 20199), by Leonard Feldman. 


Audio 

The audio stages used in stereo 
FM receivers require little discus- 
sion because most are of common 
design. Consequently, the usual 
techniques used to isolate defects 
in conventional audio circuits also 
apply to those used in stereo FM 
receivers. 


Troubleshooting Procedures 
Tuner check-out 

After connecting the power and 
speaker leads and any other leads 
required, adjust the controls to 
determine if proper operation can 
be achieved, and, if not, what the 
trouble symptoms are. Recognition 
of symptoms such as a high level of 
hiss, a blinking stereo-indicator 
lamp, or low volume with good 
sensitivity can help isolate the de- 
fective stage even before the set 
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Fig. 2 Newer type of FM RF amplifier design uses insulated-gate, field-effect tran- 
sistor (IGFET), which offers extremely high input impedance and is relatively immune 
to cross modulation. Because tool and body static can short out the gate insulation 
of IGFET’s, most replacement units are packaged with leads shorted together. 
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Fig. 3 Older design of FM IF amplifier, which uses conventional bipolar transistor. 
This basic design is still used in some stereo FM equipment. Three or four of stage 
shown here make up the IF amplifier section. 
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Fig. 4 Newer FM IF amplifier design uses integrated circuits (IC’s). 
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is warm. 

Because of the more sensitive 
nature of VHF signals, the front 
end of an FM set is especially diffi- 
cult to service. For example, test 
equipment probes often present con- 
siderable stray capacitance to the 
tuned circuits, which completely 
changes their response, or range of 
operation, particularly that of the 
FM local oscillator. Because of this, 
many otherwise routine tests are 
useless in this stage. Probably the 
most reliable method of determin- 
ing whether the oscillator is operat- 
ing is to check the bias on the 
oscillator transistor with a high- 
impedance DC voltmeter. Even 
though the frequency of the oscil- 
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lator might have shifted or the 
function stopped completely, the 
bias probably will not be affected. 
This isn’t always true, but is often 
enough to make it a useful indi- 
cation. 

An indirect check of the FM 
oscillator can be made by using a 
grid-dip meter for signal substitu- 
tion, as shown in Fig. 6. I use a 
low-priced, kit-type meter. Although 
the output of the grid-dip meter is 
relatively unstable at VHF frequen- 
Cies, it is sufficiently stable for this 
purpose. Tune the grid-dip meter to 
the approximate frequency of the 
FM oscillator (radio dial frequency 
plus 10.7 MHz). Then loosely 
couple the grid-dip meter coil to 
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Fig. 5 Three basic types of FM detectors. A) Foster-Seeley design is usually pre- 
ceded by a limiter because it is sensitive to any AM variations of FM signal. B) Ratio 
detector need not be preceded by a limiter stage because it has “built-in” AM 
suppression. C) Quadrature detector. The phasing coil, not use of IC, is best indi- 


cation of quadrature design. 
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the FM mixer circuit, This usually 
requires placing the coil physically 
close to the FM mixer transistor. 
Sometimes, this method will work a 
foot or more from the set. Don’t, 
however, depend on it. I did—only 
once. I assumed an oscillator was 
bad when, in fact, the grid-dip meter 
wasn’t close enough to produce a 
recognizable effect. 

If a defective local oscillator is 
the cause of abnormal operation, 
the receiver will pick up stations as 
you tune the grid-dip meter through 
the range of frequencies normally 
covered by the local oscillator of 
the receiver. The grid-dip meter will 
cause hetrodyning and quieting if 
another stage in the front end of the 
receiver is defective. 

In areas where the local stations 
produce a high signal level, occas- 
sionally a receiver with poor sensi- 
tivity will come to life when the 
shielding covers are removed. In 
areas of high signal levels, certain 
sensitivity problems can be 
“masked” unless the set is examined 
while tuned to a weaker station. 

Loose mounting screws are com- 
mon causes of poor sensitivity and 
other tuning problems. This is 
especially true in automotive equip- 
ment. Loose screws cause a wide 
and varying range of symptoms. 
Ground loops and open DC grounds 
seem to be the most common faults 
directly attributable to loose mount- 
ing screws. In some cases, the tuner 
will merely shift frequency, as if the 
AFC were at fault. In others, the 
loose mounting screws will cause a 
high level of static. In still others, 
there will be no FM reception. Al- 
though this problem does occur in 
some sealed tuner designs, it is more 
common in sets which use an open 
FM printed-circuit board that is 
bolted to the chassis. 

The AFC circuit can usually be 
checked by tuning the receiver 
slightly off station with the AFC 
disabled. (Many sets provide a 
switch to disable the AFC), When 
the AFC is turned on again, the 
receiver should be automatically 
tuned to the exact center of the 
broadcast signal. 

Listening to fringe-area or other 
very weak signals is one excellent 
way to evaluate the performance 
and condition of the FM tuner and 
IF strip. This type of test is even 
more meaningful if the technician 


is familiar with how such stations 
sound and act on a normally oper- 
ating receiver of comparable design 
and quality. Note, for example, 
whether the stereo-indicator lamp 
lights and whether the signal is 
clear or fades or varies continu- 
ously. If the set uses an AC line 
cord or 300-ohm, twin-lead dipole 
as an antenna, make the preceding 
checks using that antenna. If the 
gain of the shop antenna is sub- 
stantially higher than that of the 
receiver’s antenna, it could mask a 
weak condition in the receiver. 
The preceding tests are far too 
subjective to be considered absolute 
and infallible. They are useful, how- 
ever, for making rapid judgements 
on which an estimate is to be based, 
or when trying to decide where to 
start searching for the defect. 
Subjective determinations are also 
useful for checking out the IF 
amplifier chain. Suppose, for ex- 
ample, that a particular set has 
weak volume but can receive all 
local FM stations. If the set has a 
tuning meter across the FM de- 
tector, note whether it is registering 


Fig. 6 Shown here is one method of determining whether or not a ‘‘dead” receiver 
is caused by an inoperative local oscillator. Grjd-dip meter is tuned to frequency 
of signal normally produced by local oscillator and then is loosely coupled to FM 
mixer circuit. If broadcast station(s) is heard, FM oscillator is defective. If hetrodyn- 
ing and quieting are produced, local oscillator is operating and defect is in other 
“front-end” stage. See text for more-detailed explanation of grid-dip meter method 
of testing. 


a normal signal level. If it is, check 
the stereo indicator lamp. If it is 
illuminated, the defect probably is 
in either the composite signal path 
or in the audio amplifier chains. If 
the tuning meter indication is nor- 
mal, yet the sttreo lamp is not 
illuminated, check the coupling be- 
tween the detector and the input of 
the multiplex section. 

The tuning meter often is elec- 
trically located in some circuit other 
than the detector. In some modern 
hi-fi receivers it is placed electrically 
in one of the early IF stages. In 
such cases, it can help the tech- 
nician determine which end of the 


IF strip to check first. (However, if 
the meter itself is defective, the pre- 
ceding test can be misleading.) 


One effective method for locating 
a defective IF amplifier stage is to 
signal trace it with either a very 
sensitive oscilloscope or an aural 
signal tracer. However, when using 
such an instrument, be sure the 
demodulator probe is designed for 
the IF frequencies. Many probes 
that are suited only for AM servic- 


ing will seriously detune 10.7-MHz 
IF transformers. 


If local off-the-air signals are too 
weak to permit effective signal trac- 
ing of the first two IF amplifiers (as 
is often the case if a low-sensitivity 
scope is used), try feeding the 10.7- 
MHz output of a sweep generator 
into each IF stage in succession 
while monitoring either the output 
of that particular stage or the output 
of the entire IF chain. Monitoring 
the entire chain offers the advan- 
tage of three extra stages of amplifi- 
cation. This added gain will be 
needed if “low-gain” test equipment 
is used, 


The detector circuit in an FM set 
can be frustrating to troubleshoot. 
Certain designs will exhibit almost 
normal voltage and resistance read- 
ings, yet will fail to demodulate the 
FM signal. Analysis of detector 
waveforms can be useful in deter- 
mining which detector component is 
defective. 


The specific type of detector cir- 
cuit being used can be another 
factor in troubleshooting. IC quad- 
rature detectors, for example, are 
very sensitive to B+ line transients 
and momentary short circuits, The 
author recently heard an older tech- 
nician complaining about this very 
problem. He remarked that in the 
older tube-type hi-fi’s you could get 
away with being pretty sloppy with 
tools and what they touched. Then 
came transistor sets, in which slop- 
piness can cost a two-dollar bill. In 
integrated-circuit designs, such slop- 
piness can cost more than ten dol- 


lars. To make matters even worse, 
IC lead wires are spaced extremely 
close. 

The oscilloscope seems to be the 
best instrument for troubleshooting 
just about any type of FM detector 
circuit. The new 10-to-12-MHz 
triggered sweep scopes permit you 
to look at the FM IF signal before 
it is demodulated. When using a 
narrow-band scope, however, you 
must connect it to the detector 
through a demodulator probe at the 
detector input or a low-capacitance 
probe at the detector output. Either 
way, you will be looking at the 
audio component. The set prob- 
ably will have to be tuned slightly 
off station before the audio can be 
extracted with a demodulator probe. 
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This is because most probes are 
AM detector types, which use slope 
detection for FM. 


The scope also is the most logi- 
cal instrument to use for trouble- 
shooting the multiplex section of 
the stereo FM receiver, because the 
majority of signals in this section 
are above the range of human 
hearing. 


When confronted with a dead, or 
apparently dead, multiplex section, 
make a few preliminary observa- 
tions before disassembling it. Note, 
for example, the amount of back- 
ground hiss between stations, and 
whether the fringe stations usually 
heard are actually being received. 
This will indicate whether the sensi- 
tivity of the set is up to par. For 
example, a set with one defective IF 
amplifier can pass enough signal to 
drive the high-gain audio amplifiers, 
but not enough to overcome the 
multiplex threshold. 


It is also wise to make a quickie 
separation check with an oscillo- 
scope, to determine where the fault 
is located. This is accomplished by 
feeding the right channel into one 
input of the scope and the left chan- 
nel into the other scope input. If the 
trace is a slanted, fuzzy line, either 
the set is tuned to a mono station 
or it is not separating the two stereo 
channels. A trace that resembles a 
nest of wiggly worms will be pro- 
duced if good stereo separation is 
present. This information will tell 
you whether to start in the stereo- 
indicator lamp circuit or the multi- 
plex section. 


The audio chains used in FM 
stereo normally require only the 
standard troubleshooting proce- 
dures. Square-wave testing, for ex- 
ample, has been especially useful. 
Fig. 7 shows some of the ways that 
an audio amplifier can distort 
square waves, 


A multiplex generator and a har- 
monic distortion analyzer are two 
other instruments that are very use- 
ful for stereo FM troubleshooting. 
Both of these instruments, when 
properly used, can save a lot of 
time. 


The test setup shown in Fig. 8 is 
found on many hi-fi test benches. 
It makes possible separation checks 
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Fig. 7 Square-wave testing is one 
accurate method of evaluating the 
performance of the audio amplifier 
section of a stereo FM radio. Shown 
here are square waves which reveal 
normal and abnormal operation of 
audio amplifier. A) Normal. B) Low- 
frequency attenuation. C) High-fre- 
quency attenuation. 
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Fig. 8 Test setup for checking ‘‘serious” stereo separation problems. See text for 


details about use. 


of the entire system. Simply feed the 
signal to one of the stereo channels 
and calibrate the volume meter on 
that channel to 0 dB. The separa- 
tion, in decibels, is read on the 
other meter. Although this setup 


doesn’t take residual noise into ac- 
count, it is practical for spotting 
serious separation problems. The 
Vu meters can be the “under-five- 
dollar” variety offered by many 
mailorder suppliers. A 
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